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AP-GS501 GEM Gateway
AP-GST701 GSM Gateway
AP-GST702 GSEM Galeway
AP-GSB02 GSM Galeway
AP-GSB04 GSM Galeway
AP-GS708 GSM Gateway
AP-GSB0OE GSEM Gateway
AP-GSB16 GSM Galeway
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« SOHO GSM Gateway Service Diagram

« SOHO GSM Gateway Series
— AP-GS501(1ch)
— AP-GS701(1ch)
— AP-GS702(2ch)
— AP-GS802(2ch)
— AP-GS804(4ch)
— AP-GS708(8ch)
— AP-GS808(8ch)
— AP-GS816(16ch)
— AP-GS916(16ch)

« SOHO GSM Gateway Function List
 Smart Web Manager for GSM Gateway

« NMS (Network Management System) for GSM Gateway
Addpa‘ www.addpac.com
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AP-GS708 8-Port
GSM VolP Gateway
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SOHO GSM Gateway Series

AddPac
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Model

GSM
Channel

GSM
Antenna

SIM Card
Slot

LAN Port
10/100Mbps

Console(RJ45)

AP-GS501

=

Type
B

N/A

Analog

1FXS

AP-GS701

AP-GS702

AP-GS802

Type
A

B

N/A

Analog

None

1FXS

Type
A

B

N/A

Analog

None

2FXS

Type
A

Analog

None

2FXS

11



AP-GS804 AP-GS708 AP-GS808 AP-GS816

|

!

Type Analog None None None

Model A None

B 4-Port FXS

C 4-Port FXO
GSM Channel 4 8 8 16
GSM Antenna 4 8 8 16
SIM Card Slot 4 8 8 16
LAN Port 1 2 2 2
10/100Mbps
Console(RJ45) 1 1 1 1
Power External Power External Power Internal Power Internal Power

Adaptor Adaptor

AddPac www.addpac.com 12



AddPac

Model

Available
Modules

Module Slot

LAN Port
Console

Power

AP-GS916

AP-N1-GSM4Ul

Up to 16 Ch.

V]

Four(4) / 4 Channei GSM Module
(AP-N1-GSM4Ul)

Four(4) Module Slots for GSM

Single PSU

www.addpac.com
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AP-GS501
SOHO GSM Gateway
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Main Features
AP-GS501 One(1) Port GSM SOH

 One(1) Port GSM SOHO Gateway Service

* Analog Interface (FXS)/VolIP Interface(LAN) Both Support

« H.323/SIP Dual Concurrent Stack Embedded

* High Performance RISC & Programmable DSP Architecture
 One(1) 10/100Mbps Fast Ethernet (IP Share ,etc)

» High Performance LAN-to-LAN Routing Capability

o G.711/G.726/G.723/G.729, T.38 Fax , VAD, etc

» Powerful Network Protocols (PPPoE, DHCP, Static Routing, etc)
* Firmware Upgradeable Architecture

 VPMS (VoIP Plug&Play Management System) for Large Scale
Deployment

 Advanced Voice QoS Mechanism
» Light and Compact Design with External Power Supply

AddPac www.addpac.com 15



Hardware Specification
AP-GS501 One(1) Port GSM SOHO

RISC Microprocessor Computing Power
1-Port GSM Gateway

1-Port SIM Card Slot

1-Port GSM Antenna Interface

VolIP Gateway Interface : One(1) FXS Port

Network Interface for VolP Direct Interface
-One(1) 10/100Mbps Fast Ethernet (RJ45)

Run LED, LAN LED, Port LEDs
External Power Supply

AddPac www.addpac.com
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Hardware Q‘,oecif cation

AP-GS501 One(1) Port GSM S

GSM Antenna
External Interface

1-Port FXS LAN 10/100Mbps

Ethernet

SIM Card
Slot

Power Switch Power Input

AddPac www.addpac.com 17
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AP-GS701
SOHO GSM Gateway
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Main Features

AP-GS701 One(1) Port GSM SOH

One(1) Port GSM SOHO Gateway Service

Analog Interface (FXS)/VolP Interface(LAN) Both Support
H.323/SIP Dual Concurrent Stack Embedded

High Performance RISC & Programmable DSP Architecture
Two(2) 10/100Mbps Fast Ethernet (IP Share ,etc)

High Performance LAN-to-LAN Routing Capability
G.711/G.726/G.723/G.729, T.38 Fax , VAD, etc

Dn\nlorﬁﬂ Nahanrly Dratnrnle DDDnE NUrD
I UVVCTII1UI INTLVVUIN I_IUI.U\.;UID \|_|_|_U y LT 1IGCIT

Firmware Upgradeable Architecture

VPMS (VolIP Plug&Play Management System) for Large Scale
Deployment

Advanced Voice QoS Mechanism
Light and Compact Design with External Power Supply

AddPac www.addpac.com 19



Hardware Specification
AP-GS701 One(1) Port GSM SOHO |

 RISC Microprocessor Computing Power
e 1-Port GSM Gateway

e 1-Port SIM Card Slot

e 1-Port GSM Antenna Interface

* VoIP Gateway Interface
- AP-GS701 Model A: Basic Configuration
- AP-GS701 Model B: One(1) FXS Port

e Network Interface for VolP Direct Interface
-Two(2) 10/100Mbps Fast Ethernet (RJ45)

 Run LED, LAN LED, Port LEDs
« External Power Supply

AddPac www.addpac.com
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AddPac

V1 H3IMOd 204PPY

INVT ON'

Network interface Configurations

GSM Antenna
External Interface

SIM Card
Slot

1FXS Port

LAN1 10/100Mbps
Ethernet

LANO 10/100Mbps
Ethernet

Power Input Power Switch

www.addpac.com 21
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AP-GS702
SOHO GSM Gateway
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Main Features

AP-GS702 Two(2) Port GSM SOH!

Two(2) Port GSM SOHO Gateway

Analog Interface (FXS)/VolP Interface(LAN) Both Support
H.323/SIP Dual Concurrent Stack Embedded

High Performance RISC & Programmable DSP Architecture
One(1) 10/100Mbps Fast Ethernet (IP Share ,etc)

High Performance LAN-to-LAN Routing Capability
G.711/G.726/G.723/G.729, T.38 Fax , VAD, etc

Dn\nlorﬁﬂ Nahanrly Dratnrnle DDDnE NUrD
I UVVCTII1UI INTLVVUIN I_IUI.U\.;UID \|_|_|_U y LT 1IGCIT

Firmware Upgradeable Architecture

VPMS (VolIP Plug&Play Management System) for Large Scale
Deployment

Advanced Voice QoS Mechanism
Light and Compact Design with External Power Supply

AddPac www.addpac.com 23



Hardware Specification

AP-GS702 Two(2) Port GSM SOHO

 RISC Microprocessor Computing Power
e 2-Port GSM Gateway

o 2-Port SIM Card Slot

o 2-Port GSM Antenna Interface

* VoIP Gateway Interface
- AP-GS702 Model A: Basic Configuration
- AP-GS702 Model B: Two(2) FXS Port

e Network Interface for VolP Direct Interface
-One(1) 10/100Mbps Fast Ethernet (RJ45)

 Run LED, LAN LED, Port LEDs
« External Power Supply

AddPac www.addpac.com



i i Network interface Configuration

GSM Antenna 1 SIM Card
Slot 0
GSM Antenna 0 S“\S/llciird
_-"%.ii;% ===
Analog Phones — FXS Port 0
L FXS Port 1

LANO 10/100Mbps
Ethernet

Power Input

Power Switch

AddPac www.addpac.com 25



AP-GS802
SOHO GSM Gateway

AddPac
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Main Features

AP-GS802 Two(2) Port GSM SOH(

Two(2) Port GSM SOHO Gateway

Analog Interface (FXS)/VolP Interface(LAN) Both Support
H.323/SIP Dual Concurrent Stack Embedded

High Performance RISC & Programmable DSP Architecture
Two(2) 10/100Mbps Fast Ethernet (IP Share ,etc)

High Performance LAN-to-LAN Routing Capability
G.711/G.726/G.723/G.729, T.38 Fax , VAD, etc

Dn\nlorﬁﬂ Nahanrly Dratnrnle DDDnE NUrD
I UVVCTII1UI INTLVVUIN I_IUI.U\.;UID \|_|_|_U y LT 1IGCIT

Firmware Upgradeable Architecture

VPMS (VolIP Plug&Play Management System) for Large Scale
Deployment

Advanced Voice QoS Mechanism
Light and Compact Design with External Power Supply

AddPac www.addpac.com 27



Hardware Specification

AP-GS802 Two(2) Port GSM SOHO G

 RISC Microprocessor+DSP Computing Power
o« 2-Port GSM Gateway
» 2-Port SIM Card Slot
o 2-Port GSM Antenna Interface
* VoIP Gateway Interface
- AP-GS1002 Model A: Basic Configuration
- AP-GS1002 Model B: Two(2) FXS Port
* Network Interface
-Two(2) 10/2100Mbps Fast Ethernet (RJ45)
« RS232C Console Port for CLI (RJ45)
« Run LED, LAN LED, Port LEDs
» External Power Supply

AddPac www.addpac.com



Hardware Specifi

AP-GS802 Two(2) P

>
: 2 FXS Ports
Analog
Phone
o
GSM Antenna
External Interface SIM Card
Slot
RS232C
Console Interface
LAN1 10/100Mbps
Ethernet
LANO 10/100Mbps
Ethernet

Power Input Power Switch

AddPac www.addpac.com 29



AP-GS804
SOHO GSM Gateway

AddPac
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Main Features
AP-GS804 4-Port GSM SOHO Gat

Analog Interface (FXS, FXO)/VolP Interface(LAN) Both Support
H.323/SIP Dual Concurrent Stack Embedded

High Performance RISC & Programmable DSP Architecture
G.711/G.726/G.723/G.729, T.38 Fax , VAD, etc

Powerful Network Protocols (PPPoE, DHCP, Static Routing, etc)
One(1) 10/100Mbps Fast Ethernet (IP Share ,etc)

One(1l) RS-232C Port for Command Line Interface

Cir Aarn |l In nror*lg hina Ar~rhitartiiro
FIIIIIVVOLIC UPU QUCQU|C I'_'\l\.ll HLTLULLUI T

VPMS (VoIP Plug&Play Management System) for Large Scale
Deployment

Advanced Voice QoS Mechanism
Light and Compact Design with External Power Supply

AddPac www.addpac.com 31



Hardware S|
AP-GS804 4-Port GS

 RISC Microprocessor Computing Power
 4-Port GSM Gateway

e 4-Port SIM Card Slot

 4-Port GSM Antenna Interface

 VoIP Interface
— None : Model A
— 4-Port FXS Interface : Model B
— 4-Port FXO Interface : Model C

 Network Interface for VolP Direct Interface
-One(1) 10/100Mbps Fast Ethernet (RJ45)

« RS232C Console Interface for CLI
e Run LED, LAN LED, Port LEDs
» External Power Supply

AddPac www.addpac.com



Hardware Specification
AP-GS804 4-Port GSM Gateway

www.addpac.com

Y
High-end
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Hardware Specification
AP-GS804 4-Port GSM Gateway

Back Side View
RS232C ‘
Console Port li |!§ p
A
10/100Mbps I'i |
Ethernet q' '
I-' SIM Card
, Slot
e
GSM Antenna ‘ s I
Interface ‘
af

4 FXS Port

e

Power Input k ‘@ /

Power Switch Oq ?
Model A Model B

AddPac www.addpac.com

RISC
)

——

1

4 FXO Port

“ High-end
DSP
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AP-GS708
SOHO GSM Gateway

AddPac



Main Features
AP-GS708 8-Port GSM VolP Gate

» 8-Port GSM VoIP Gateway Solution

« 8-Port SIM Slots, 8-Port Antenna Interface

« GSM VoIP Interface(LAN) Support

« H.323/SIP Dual Concurrent Stack Embedded

* High Performance RISC & Programmable DSP Architecture

o G.711/G.726/G.723/G.729, T.38 Fax , VAD, etc

» Powerful Network Protocols (PPPoE, DHCP, Static Routing, etc)
 Two(2) 10/100Mbps Fast Ethernet (IP Share ,etc)

 One(1) RS-232C Port for Command Line Interface

* Firmware Upgradeable Architecture

 VPMS (VoIP Plug&Play Management System) for Large Scale
Deployment

 Advanced Voice QoS Mechanism
» Light and Compact Design with External Power Supply

AddPac www.addpac.com 36



Hardware Specification
AP-GS708 8-Port GSM VoIP Gate

Y
High-end

 RISC Microprocessor Computing Power

* Powerful High-End DSP for VolIP Interface
e 8-Port GSM VolIP Gateway

e 8-Port SIM Card Slots

» 8-Port GSM Antenna Interface

 Network Interface for VolP Direct Interface
-Two(2) 10/100Mbps Fast Ethernet (RJ45)

« RS232C Console Interface for CLI
« Run LED, LAN LED, Port LEDs at Front Side
« Compact and Light Design with External Power Supply

AddPac www.addpac.com 37



Hardware Specification
AP-GS708 8-Port GSM VoIP Gateway

Front Side View

Port LEDs RS232C

Console Port

LANO 10/100Mbps
Ethernet

Power Input

LAN1 10/200Mbps
Ethernet Power Switch

Addpa‘ www.addpac.com
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High-end
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RISC
P U
“ High-end

Hardware Specification
AP-GS708 8-Port GSM VoIP Gateway

Back Side View

SIM Card
Slot

Antenna
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AP-GS808
SOHO GSM Gateway

AddPac



Main Features
AP-GS808 8-Port GSM VolP Gate

» 8-Port GSM VoIP Gateway Solution

« 8-Port SIM Slots, 8-Port Antenna Interface

« GSM VoIP Interface(LAN) Support

« H.323/SIP Dual Concurrent Stack Embedded

* High Performance RISC & Programmable DSP Architecture

o G.711/G.726/G.723/G.729, T.38 Fax , VAD, etc

» Powerful Network Protocols (PPPoE, DHCP, Static Routing, etc)
 Two(2) 10/100Mbps Fast Ethernet (IP Share ,etc)

 One(1) RS-232C Port for Command Line Interface

* Firmware Upgradeable Architecture

 VPMS (VoIP Plug&Play Management System) for Large Scale
Deployment

 Advanced Voice QoS Mechanism
» Light and Compact Design with Internal Power Supply

AddPac www.addpac.com 41



Hardware Specification
AP-GS808 8-Port GSM VoIP Gate

Y
High-end

 RISC Microprocessor Computing Power

* Powerful High-End DSP for VolIP Interface
e 8-Port GSM VolIP Gateway

e 8-Port SIM Card Slots

» 8-Port GSM Antenna Interface

 Network Interface for VolP Direct Interface
-Two(2) 10/100Mbps Fast Ethernet (RJ45)

« RS232C Console Interface for CLI
« Run LED, LAN LED, Port LEDs at Front Side
 Compact and Light Design with Internal Power Supply

AddPac www.addpac.com 42



Hardware Specification
AP-GS808 8-Port GSM VoIP Gatewe

Y
High-end

Front Side View

Port LEDs LANO 10/100Mbps RS232C
Ethernet Console Port

LAN1 10/200Mbps
Ethernet

AddPac www.addpac.com 43



RISC

~D{
H High-end
DSP

Hardware Specification
AP-GS808 8-Port GSM VolP Gatewa

Back Side View

Antenna Power Input Power Switch

SIM Card

Slot GND
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AP-GS816
SOHO GSM Gateway

AddPac



Main Features
AP-GS816 16-Port GSM VolP Gate

o 16-Port GSM VolP Gateway Solution

e 16-Port SIM Slots

e 16-Port Antenna Interface

« GSM VoIP Interface(LAN) Support

« H.323/SIP Dual Concurrent Stack Embedded

* High Performance RISC & Programmable DSP Architecture
o G.711/G.726/G.723/G.729, T.38 Fax , VAD, etc

» Powerful Network Protocols (PPPoE, DHCP, Static Routing, etc)
 Two(2) 10/100Mbps Fast Ethernet (IP Share ,etc)
 One(1) RS-232C Port for Command Line Interface

* Firmware Upgradeable Architecture

 VPMS (VoIP Plug&Play Management System) for Large Scale
Deployment

 Advanced Voice QoS Mechanism

Light and Compact Design with Internal Power Supply
AddPac www.addpac.com 46



Hardware Specification
AP-GS816 16-Port GSM VolIP Gate

Y
High-end

 RISC Microprocessor Computing Power

« Powerful High-End DSP for VoIP Interface
 16-Port GSM VoIP Gateway

e 16-Port SIM Card Slots

o 16-Port GSM Antenna Interface

e Network Interface for VolP Direct Interface
-Two(2) 10/100Mbps Fast Ethernet (RJ45)

« RS232C Console Interface for CLI
« Run LED, LAN LED, Port LEDs at Front Side
 Compact and Light Design with Internal Power Supply

AddPac www.addpac.com 47



Hardware Specification
AP-GS816 16-Port GSM VoIP Gateway

Front Side View

LANO 10/100Mbps LAN1 10/200Mbps RS232C
Ethernet Ethernet Console Port

Port LEDs

Addh‘ www.addpac.com

GND

Power Input  Power Switch

Y
High-end
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Hardware Specification
AP-GS816 16-Port GSM VoIP Gateway:

Back Side View

6.6.6.0.
Pimieom 2 0 s 3 0

Antenna

SIM Card
Slot
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AP-GS916
SOHO GSM Gateway

AddPac



Main Features
AP-GS916 16-Port GSM VolP Gatewa:

o 16-Port GSM VolP Gateway Solution

* Four(4) Module Slots for 4-Port GSM Module

« GSM VoIP Interface(LAN) Support

« H.323/SIP Dual Concurrent Stack Embedded

* High Performance RISC & Programmable DSP Architecture

o G.711/G.726/G.723/G.729, T.38 Fax , VAD, etc

» Powerful Network Protocols (PPPoE, DHCP, Static Routing, etc)
 Two(2) 10/100Mbps Fast Ethernet (IP Share ,etc)

 One(1) RS-232C Port for Command Line Interface

* Firmware Upgradeable Architecture

 VPMS (VoIP Plug&Play Management System) for Large Scale
Deployment

 Advanced Voice QoS Mechanism
» Light and Compact Design with Internal Power Supply

AddPac www.addpac.com 51



RISC Microprocessor Computing Power
Powerful High-End DSP for VoIP Interface
Four(4) Module Slot for GSM Interface

4-Port GSM Module(Ex: AP-N1-GSM4Ul)
— 4-Port SIM Card Slot
— 4-Port Antenna Interface
— Hot-Swap

Network Interface for VolP Direct Interface
-Two(2) 10/100Mbps Fast Ethernet (RJ45)

RS232C Console Interface for CLI
Run LED, LAN LED, Port LEDs at Front Side
Compact and Light Design with Internal Power Supply

AddPac www.addpac.com
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High-end
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U
High-end

Front Side View

LANO 10/100Mbps LAN1 10/200Mbps RS232C

Port LEDs GND Power Input  Power Switch
Ethernet Ethernet Console Port p
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Hardware Specification

AP-GS916 16-Port GSM VolIP Gateway e

DSP

Back Side View

H e e "

Boo -

Antenna

SIM Card Hot-Swap 4-Port
Slot Button GSM Module
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RISC

w High-end
DSP

GSM VolP Modules

AP-GS916 16-Port GSM VoIP Gateway

AP-N1-GSM4Ul 4-Port GSM Module

AddPac www.addpac.com 55



GSM Gateway Function List

Addec www.addpac.com
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GSM Outbound Call

GSM Inbound Call

VolP to GSM Outbound Call
VolP to GSM Inbound Call
GSM Inbound Black / White list
VolP to GSM Black / White list
WEB Callback Service
Callback Service

LCR(Least Cost Routing)
GSM Messaging Service
Radius Server Interoperability

AddPac www.addpac.com
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GSM Outbound Call

Analog
Phone

Analog
PBX

i

GSM Terminal

Comm

GSM Gateway
One(1) Stage Call

Digits Dialing _ ‘

Dialing
Connection

<«

Connection

Two(2 ) Stage Call
1st Digits

v

< Dial Tone

2d Digits

Connection ) ‘
Dialing

[
»

v

Dialing ‘

Outbound Call (1 Stage)

: Making call to mobile phone from analog phone connected to FXS directly.
Outbound Call (2 Stage)

Making call to mobile phone from analog phone connected to FXS after hearing of 2" dial tone from AddPac GSM Gateway

AddPac

www.addpac.com
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o/

Analog

GSM Terminal
— PBX

ﬁ

GSM Gateway

1 Stage Call (Baby Call)

_ Dialing P Dialing
Connection Connection %
2 Stage Call
Connection < Dialing
Dial Tone _
< Dialing | P Input Digits

Inbound Call (1 Stage) — Baby Call
: Making call to analog phone connected to FXS directly

Inbound Call (2 Stage)
: Making call to analog phone connected to FXS after hearing of 2" dial tone from AP-GS1002

Addh‘ www.addpac.com



VoIP Gateway

Analog Phone 3 ’ /
r | /
10/100Mbp8
Etherne =4 7

IP-PBX

Som

GSM Terminal

ﬁ

GSM Gateway

IP Phones
1 Stage Call
Digits Dialing _ Dialing -~
P Connection ‘ Connection
2 Stage Call
1st Digits Dialing R T
< Dial Tone
2nd Digits Dialing . | Dialing >

Outbound Call (1 Stage)
: Making call to mobile phone from analog phone connected to VolP gateway or IP Phone directly

Outbound Call (2 Stage)
: Making call to mobile phone from analog phone connected to VoIP gateway after hearing of 2" dial tone from GSM Gateway

AddPac www.addpac.com 60



VoIP to GSM Inbound Cal

VolIP Gateway
Analog Phone

1
— !
10/100Mbps =
Ethernet =
— GSM Terminal
IP-PBX T .
/ —— |
&é GSM Gateway
IP Phones
1 Stage Call (Baby Call)
P Dialing P Dialing
Connection _ Connection o
2 Stage Call
Connection < L
Dial Tone >
> Dialing | > Input Digits
Inbound Call (1 Stage) — Baby Call
: Making call to IP phone in VoIP network directly.

Inbound Call (2 Stage)
: Making call to IP phone in VoIP network after hearing of 2" dial tone from GSM Gateway

AddPac

www.addpac.com
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GSM Terminal
B
Black list 1000
White list 2000
Black list
Black list number Matched < DIEIT Digit 1000
| Disconnect _
White list
Dialin o Dialin At
< d White list number Matched < 9 Digit 2000
Connection < Connection _
Black list

: The number on black list is restricted to receive call.

White list
: The only number on white list is allowed to receive call

Addh‘ www.addpac.com
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VolIP Gateway GSM Gateway
Analog Phone

o

— 1 GSM Terminal
IP-PBX
— !'
2
Black list 1000
IP Phones
White list 2000
Black list
Black list number Matched < Dialing Digit 1000
| Disconnect _
White list
Diali L Diali Digit 2000
< 1319 White list number Matched < 1a1ng g
Connection _ | Connection _
Black list

: The number on black list is restricted to receive call.

White list
: The only number on white list is allowed to receive call

AddPac www.addpac.com
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b ‘-

—
GSM Terminal
——
3
GSM Gateway
S WEB Call back S
Origination number(1000) White “; o 1000 Destination number(2000)
WEB Callback Service

Digit 2000 Dialing -~

> Connection

> Dialing Digit 1000 Call waiting
Connection Connection -

WEB Callback Service
: The remote call is made by user’s control by WEB Interface.
The WEB callback number on white list must be the same of source number.

Addh‘ www.addpac.com
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o'

_— GSM Terminal
Origination number(1000) Callback Destination number(2000)
White list
GSM Callback Service

Callback white list matched Dialing -~
Disconnect _
Dialing -

Connection

A

Connection

v

GSM Callback Service
: When the user on the callback white list makes call, GSM Gateway disconnects it and makes call back to the user

AddPac www.addpac.com 65



GSM Terminal

ﬁ

Origination number(1000) ~ CoM Cateway

Destination number(2000)
LCR(Least Cost Routing)

Try a call

[

» LCR - Check Time Tariff / Time Interval

| Dialing
Disconnect

A

Expired

GSM LCR Time Interval
: The only registered user is allowed to use GSM call in the rule of date, week, and time

GSM LCR Time Tariff
: User is able to check remained time, used time listed on LCR, etc

GSM LCR Simulator
: GSM Gateway supports virtual call simulation used on WEB

AddPac

www.addpac.com
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SO

GSM Terminal

GSM Gateway

GSM Messaging Service

: SMS is able to send and receive by GSM Gateway’s WEB Interface
: English, Korean, Spanish, Russian, Portuguese

USSD
. In case of using Pre-paid SIM card, checking and recharging is allowed by GSM Gateway

Addec www.addpac.com
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Radius Server Interoperabili

Radius Server Request

‘ ‘g ,— ~ GSM Terminal
IP-PBX Qutbound Call l
A 4 —7— iﬁ
IP Phones GSM Gateway

Radius Server Interoperability
: When billing system is required, GSM gateway supports radius server interoperability

AddPac

www.addpac.com
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Smart Web Manager
for GSM Gateway

Addec www.addpac.com
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Contents

 Main Page Layout

e System Configuration
— Network Setup, Language, NAT, PPTP, NTP

e Basic Configuration

— Protocol, SIP Server , FXS Extension, GSM Extension
— DTMF/CODEC, VolP Dial Plan, GSM Dial Plan, Static Routing, Hot Line

« Advanced Configuration

— Gain/CID, GSM PINs, FAX, Service, Filtering, Security
— GSM Web Callback, GSM Callback

* Miscellaneous Configuration

— Call Status, System Status, Alarm Status, GSM Status
— Call Log, System Log, Ping, BTS Selection, GSM BTS Info

 LCR(Least Cost Routing)
— Black & White List, Time Interval, Tariff Group, LCR Test

e SMS

— |Inbox, SMS New Message
AddPac www.addpac.com



Main Menu

For easy system setup,
provide the various
menu and category

AddPac

Smart Web Manager

= Metwark Setup
* Language

* MAT

* PPTP

* NTP

* Protocol

* Server SIP

* SIP Registration
* FX3 Extension
* GSM Extension
* DTMFICODEC
* YoIP Dial Plan

+ G3M Dial Plan
* Static Route

! System Information

HWW Version

SV Version

MAC Address

VolP Protocol

Voice Interface Module

Registration Status

Supported Codec List

MNetwork Information

WAN LINK Status

* Hot Line
LAN LINK Status
= Gain & CID H Current Time
* GSMFINS
« Fax System Startup Time
* Senice Workspace
* Filtering Workspace for detailed
* Security action
+ SHMP

* WEB Callback
* GSM Callback

Tool Bar

Provide frequently used
tools like as System
Update, Configuration
Backup, Initialization,
Restart, Telnet

2.0

g.00d

0002.3400.0000

SIF

G(215(2)

Registered

Static 172.16.9.16

AddPac Technology
Madel : G231002_G2

Information
Display the current
system version and
status summery

HW Vgrsion : 2.0
Sﬂ.".f}/t;'rsion . 8.00d

fndrt Web Version : 0.4

mart Web Build - Mar 24 2010
ice Interface

G{2)5(2)

otocal : SIP

100Mkps FULL Duplex Link UP

Link Down

FriJan 1 01:49:57 2010

FriJan 1 00:00:00 2010

0 days 01:49:57

www.addpac.com

Status - Registered
CurrentCalls: 0 Call

Metwork : Static 172.16.9.16
Wac Address: 0002.a400.0000
Unread Message:

PO:0(0)

PO:1(0)

Description

main menu

Display the help message
if you move mouse over
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Host Name
Create a representative name for the site to be
installed

1 - Heteork Sotun

Static IP
This is static IP mode. Specify the addressed IP
from the service provider

PPPoE

This is ADSL mode. This mode is used for
addressing IP though authentication from the
modem.

At this time, the modem must be configured in a
way that the device can be authenticated.

g basc O

1 T AT T T

DHCP
This is dynamic IP mode which is set at default.
The IP can addressed from the external DHCP
server.

* GEMPINs
VLAN
Configure VLAN mode and ID.
| TS

WAN Link

Controls and recognizes WAN port
Specify the connection speed of WAN port.
connection automatically.

MAC
Change MAC address of WAN interface. Without
address entry, use the basic MAC Address.

- AddPac

Network Setup

Hostname &

& static P&

' PPPoE(ADSL)E

IP Address |1?2.15.9.1B AB.CD
Metwork Mask I255.255.U.D ABCD

CMS Server

Default Router[172.16.1.1 AB.CD
I Primary DMES Server
I Secondary DMNE Server

Password |

WAHN Link Control &

www.addpac.com

Speed 100
0 Manual
Duplex 0 full
MAC{Hardware)
—— | —

AddPac Technology
Model : G51002_G2

M0 Version 0 8.00d
Zmart Web Version : 0.4
Smart Web Build - Mar 24 2010
“oice Interface

G(2)3(2)
Protocol : SIP
Status | Registered
currentCalls: 0 Call
Metwork: : Static 172.16.9.16
Mac Address: 0002.a400.0000

Description

This command sets up Wan
port. The static IP address is to

bea \
provi UnRead SMS
assil - Messages
DHC
address of the device can be
changed. MAC Address change
can be used only when
necessary . ltis recommended
to use the address created by
the user not the address of the
device
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!.Configure Language

arrmmmmnmmmmmmnn s ¥ an mnn TR mn s A n e A R A NN NN R NN EE A ENEEEEEEEEEEENEEEEEEEEEREEEEEEEEEEEEEEEE,

* Metwork Setup F i AddPac Technology
Configure Language C =0 i Model: G_S1E|l02_G2
English, Korea & English i HWversien: 2.0
e R R R e R R R R R e e e T i BAW Version : 8.00d
= TITF Smart Webh Version : 0.4

Smart Web Build : Mar 24 2010
. Voice Interface

» Protocol Frotocol : SIP

= Sarver SIP Status : Registered
CurrentCalls: 0 Call
Metwork : Static 172.16.9.16
Mac Address: 0002.2400.0000
Unread Message:
PO:0(0)
PO:1{0)

= SIP Registration
* FX5 Extension
* G3M Extensicn
= DTMF/CCODEC
= VolIP Dial Plan

= GSM Dial Flan

» Static Route

Choose the basiclanguage to

Advanced (-] he applied. English is set at

* 33in & CID default.

& O DIk~
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Smart Web Manager

| NAT Static Table
= Metwork Setup .7_ AddPac Technalogy
* Language ! 1P Protocal Global Port Local Address Local Port Contral  ;  Model:GS1002_G2
* NAT : i HAWVersion: 2.0
" PPTF I | [ | Add { || S Version : 8.00d
s TP : i SmartWeb Version: 0.4
B e e e e e e e e e e e e e e e e e e e e e e e e e g Smart Web Build * Mar 24 2010
. oice Interface
- Protocol : SIP
NAT Static Table Status - Unregistered
When many PCs are cor_mected to LAN, CurrentCalls: 0 Call
;:)‘iﬁi l"’:‘)tcab'e for delivering TCP/UDP Metwork : Static 172.16.2.18
Mac Address: 0002.a400.0000

Unread Message:
PO:0(D)
PO:A(D)

* DTMFICODEC
* YolP Cial Plan
* 35 Dial Flan
* Stafic Route

When many FCs are

Advanced (-] connected to LAMN, create a

* Gain & CID tahle for delivering TCR/UDP

- GSI PINS portto FC.
* Fax

* Senvice

* Filtering

® Sarnrite

Addec www.addpac.com
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= Metwork Setup
* Language

= MNAT

* PPTP

= MTP

Ciond 1

Tunneling Mode
Configure Tunneling mode

T T TR TSI
¢ 53M Extension
= OTMFICODEC
* YolP Dial Plan
= G3M Dial Plan
* Static Route

* HotLine

Tunneling source & destination
Source LAN port & destination IP

* GSMFINs

= Faov

Tunneling Service
Service mode

AddPac

T

. .

! Source

Destination

.............................................................................................................................................

& Mone(Disable Tunneling, default)

© PPTP(Point-to-Point Tunneling Protocal)

Username |

FPassword |

0 Mone (Mo Authentication)
0 pPAP (PPP Authentication Frotocol)
' CHAP{Challenge Handshake Authentication

Authentication

Frotocol)

 Mone {default)

Phaone " Hostname (Use hostname as phoene number)

Mumber

User
C Defi I

IFastEthernetUm "l
I AB.CD (Tunnel End Foint Address)

= Voice Use Tunnel Interface, Data Use Ethernet Interface
{ Data Use Tunnel Interface, Voice Use Ethernet Interface

www.addpac.com

oice and Data Use Tunnel Interface (default)

AddFac Technology
Model : G31002_G2
HA Version : 2.0
SAV Version - 8.00d
Smart Web Version : 0.4
Smart Web Build . Mar 24 2010
Voice Interface

(21202}
Pratocel ; 2IP
Status - Unregistered
CurrentCalls: 0 Call
Metwork : Static 172.16.9.16
Mac Address: 0002.3400.0000
Unread Message:
PO:0(0)
PO

This is the settings for using
FFTP(Pointta-Foint Tunneling
Frotocol). Forthe setting to be
used for tunneling, please
contactthe manufacturer of the
device
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Smart Web Manager

WWW._a

| NTP
* Metwork Setup T T E T E e S e e e e e, AddPac Technology
* Language Model : GS1002_G2
. NAT © Enable & Disable E | HAW Version: 2.0
« PPTP i || 8V Version : 8.00d
« NTP Primary | (Domain { | SmartWeb Version: 0.4
Server MName or IP Address) Smart Web Build : Mar 24 2010
. i Voice Interface
iowte Secondary | (Domain G(2)5(2)
» Protocol Server Name or IP Address) i | Protocol: SIP
« Server SIP Status : Unregistered
. ; : : : CurrentCalls: 0 Call
. S;(Zi;g;ig?::n intenal I (1~72 hours) : | Network: Stafic 172.16.9.18
" GSll Extension Hours Offset I I {-23~23 hours) : (0~60 minute) f:}:r'::;idr:?essss-aﬂgﬂf-8400-0000
* DTMF/ICODEC ' ' PO:0(0) '
* VoIP Dial Plan T L T L L K TR T LT L L L L T e P L L L s S PO(0)
« GSM Dial Plan /
* Static Route
%
NTP
Configure NTP server (s) & Options
* Gain & CID
* GSMPINs
* Fax

AddPac www.addpac.com 76



Smart Web Manager

! Protocol

* Metwork Setup 2 AddPac Technology

* Language Model : GS1002_G2

* MNAT HMW Version : 2.0

* PPTP S/ Version : 5.00d

« MTP Smart Web Version : 0.4
SmartWeb Build : Mar 24 2010

- | « Apply Woice Interface
c@se)
* Protocol Protocol : SIP
« Server SIP Status : Unregistered
CurrentCalls: 0 Call
Metwork : Static 172.16.9.16

@& sIP(Session Initiation Protocal)

mesmsmsnans,

* SIP Registration
* FXS Extension

* GSM Extension Configure VolP signaling protocol Mac Address: 0002 3400.0000
- DTMF/CODEC SIP , H.323 (optional) gg-rc?(i[: Message:

Vol Dial Plan
G5SM Dial Flan
Static Route

Configure the settings of the

* Gain & CID communication

= GSM PINs

* Fax

* Sernice
Filtering
Security
SMNMP

WEB Callback
GSM Callback

Miscellaneous

= Call Status
System Status
Alarm Status
GSM Status
Call Log
System Log

= Ping

BTS Selection
* SM ATS Infa

AddPac www.addpac.com 77
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= Metwork Setup
= Language

= NAT

= PPTP

* NTP

* Protocol

Server SIP

SIF Reqgistration
FXS Extension
GSM Extension
DTMF/CODEC
ValP Dial Plan
G3M Dial Plan
Static Route
Hot Line

Advanced (-]

* Gain & CID
= GSMPINS
* Fax

.

« Senice

= Filtering

= Security

* SNMP

* WEB Callback
* G5M Callback

Miscellaneous (-]

« Call Status

= System Status
* Alarm Status
* GSM Status

* Call Log

= System Log

= Ping

* BTS Selection

AddPac

o

Use SIP Server® ®Yes OMo

Primary SIP Server'® |172.17.116.215 5060 | Server address (IP or Domain Mame) and Port (default 5060)
Secondary SIP Server® [ 5080 | Server address (IP or Domain Name) and Port (default 5060)
Local Domain name'&' | | (SIP userpart of authentication)

SIP Signaling Port & |5080 ](defaultsoso, between 1 to 65525)

Register Expiraﬁon@' j(in seconds, default 60, between 10 to 86400)

Session Re-Fresh'@ O INVITE & UPDATE

Session Expire Time & 5:1300 ] (in seconds, default 1800, between 30 t

6400, 0 = disable)

SIP Server
Primary & Secondary server,
Local domain name,
SIP Signaling Port ( reboot necessary)
Timer
* register expire
* session refresh
* session expire

www.addpac.com

5

AddPac Technology
Model : G51002_G2
HIW Version : 2.0
S/ Version : 8.00d
Smart Web Version : 0.4
Smart Web Build : Mar 24 2010
Voice Interface

G(2)S(2)
Frotocol : SIP
Status : Unregistered
CurrentCalls: 0 Call
Metwork : Static 172.16.9.16
Mac Address: 0002.a400.0000
Unread Message:
FPO:0(0)
PO:1(0)

Configure the settings for SIP.

Contact your service provider
for the settings
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Smart Web Manager

| FXS Extension

= Metwork Setup
= Language
= NAT

R N R R R A R N R AR AR AR R R R R R RN R R R R R AR R R R R R R AR AR AR RN R R R R R R R RN R R R R R R AR R AR A AR R R R R RN AN AN EEEEEEEEEEEEAEAEEEEEEEEEEEEEEEEE

* PPTP
* NTP

* Protocol
* Senver SIP

FX S Extension Configration

* SIP Registration Index & Port'& MNumbers & Preference &

* FXS Extension
= GSM Extension

HuntStop €

o] 012

1234 o] o]

Port Information
voice port type & physical port

Advanced -]

Gain & CID
GSM PINs
» Fax

Sernvice
Filtering
Security
SMNMP

WEB Callback
G3SM Callback

Miscellaneous @

Call Status
System Status
Alarm Status
GSM Status
Call Log
System Log

= Ping

BTS Selection
=M ATS Infn

AddPac

FXS Extension
Configure phone-number for using inter-office
Preference ( O : highest )

www.addpac.com

Select®
[

Delete

Apply

viesEsEEsEEEEERE SRR R R E R n R nE e

AddPac Technaology
Model : GS1002_G2
HMW Version - 2.0
S/ Version : 8.00d
Smart Web Version : 0.4
SmartWeb Build : Mar 24 2010
oice Interface

G2)S(2)
Protocol : SIP
Status : Unregistered
CurrentCalls: 0 Call
Metwork : Static 172.16.9.16
Mac Address: 0002.a400.0000
Unread Message:
P0:0(0)
PO:1{0)

Set up for using FX3 portto

extension number (forwarding
Mo}
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| GSM Extension

Port Information

voice port type & physical port o |

Metwork Setup . .
hit'rg“age Port Information ]
i / Port PO P4 P2 P3 ]

. sLOTOD GSM GSM FXS FXS

GSM Extension Configration

GSM Extension

Configure GSM phone-number for

receiving a call

(usually ‘T"is used for each port)

AddPa

Server SIP

SIE Reoishon Index & Port& Numbers & Preference & HuntStop & Select'®

FXS Extension

GSM Extension 0 olli] T o X O
Delete

Gain & CID i Fort Lestnation Fattern Ligits to Insert Mumber of Digits to Uelete i
GSM PINS P00 [22 | 3 | [
= : 2 : i e :
Service PO:1 ]
Filtering K ereaseees S TTEErDHLOOEEr OO e T r e oo b
Security « Apply ]

SNMP

WEB Callback

GEM Callback

Miscellaneous @

Call Status
System Status
Alarm Status
GSM Status
Call Log
System Log
Ping

BTS Selection
GSM BTS Info

GSM Extension with Translation
Used to GSM callback
- The Received CID is not real serving number.
- The specified translation rule is applied.

www.addpac.com

AddPac Technology
Model : GS1002_G2
HMW Version : 2.0
S/W Version 0 8.00d
Smart Web Version : 0.4
Smart Web Build : Mar 24 2010
Yoice Interface

G(2)5(2)
Protacol : SIP
Status : Unregistered
CurrentCalls: 0 Call
Metwork : Static 172.16.9.16
Mac Address: 0002.3400.0000
Unread Message:
PO:0(0)
PO:1(0)

Set up for using GSM port to
extension number (forwarding
Ma)
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Basic — DTMF/CODEC

Smart Web Manager

| DTMF/CODEC

= Metwork Setup ) AddPac Technology
= Language . Model - GS1002_G2

CODEC \ Prafeeenci't| lonr it HAW Version : 2.0
Preference 2| Mone M : S Version : 8.00d
Configure voice codec preference i Preference 3| None - i Smartweb Version: 0.4
(g711a, g711u, g729, g7231, g726 Voice CODEC'Y e = {| | Smartweb Build: Mar 24 2010
H : Voice Interface
Preference 5| Mone > G(2)8(2)
* Protocol Preference 6| Mone A : Protocol : SIP

Status : Unregistered

) DTMF relay by In-band voi CurrentCalls: 0 Call
i Metwork : Static 172.16.9.16

O DTMF relay by RTP payload defined by RFC 2833 i Mac Address: 0002.2400.0000
(& DTMF relay by Out-of-band signal : Unread Message:

O DTMF relay by Cisco out-of-band signal PO:0(0)

PO:1(0)

Server SIP

SIP Registration
FXS Extension i
GSM Extension DTMF Relay mode &
DTMFICODEC :
alP Dial Plan .
GSM Dial Plan ]

S,

Hot Line
| « Apply
DTMF Configure the settings for GSM

Configure DTMF relay method D andirelx Eie

L (in-band, RFC2833, out-of-band, CISCO type out-of-band)

G3MPINs
* Fax

* Senice
Filtering
Security
SMNMP

WEB Callback
GEM Callback

Miscellaneous {—]

* Call Status

* System Status
= Alarm Status
* GSM Status

= Call Log

= Systemn Log

* Ping

* BTS Selection
= GSM BTS Info

Addpﬂ www.addpac.com 81




Smart Web Manager

[ VolIP Dial Plan / Prefix

= Metwork Setup
= Language

= NAT

* PPTP

= NTP

VolIP PLAN
Configure translation rule for VOIP Peer.

- first, ‘Number of Digits to Delete’ option is
applied.

- second, ‘Digits to Insert’ option is applied.

(ex) Origin called Number = 123456
Number of Digits to Delete = 2
Digits to Insert = “88”

result = 883456

E Index'& Digits to Insert4 Mumber of Digits to Delete @ Digit Pattern'® Control®?
i / 0 2 0 T El
Delete
Add
Index &/ Prefic& Planindex & Control &
0 T F
Delete

= Gain & ClD

* GSMPINs

= Fax

= Sernvice

= Filtering

= Security

= SHMP

* WEB Callback
= G3M Callback

* Call Status

= System Status
= Alarm Status
= GSM Status

« Call Log

= System Log

= Ping

= BT3 Selection
* 22M ATS Infn

AddPac

[0 [od

Prefix Table

( Serviced by SIP SERVER)

Configure VoIP Peer with translation rule.

Miscellaneous (-}

www.addpac.com

AddPac Technology
Model : G51002_G2
HW Version : 2.0
SMW Version : 8.00d
SmartWeb Version: 0.4
Smart Web Build : Mar 24 2010
Voice Interface

G(2)5(2)
Protocal : SIP
Status : Unregistered
CurrentCalls: 0 Call
Metwork : Static 172.16.9.16
Mac Address: 0002.a400.0000
Unread Message
FO:0(0)
PO:A(0)

Configure the settings for the

outbound call of main/remaote
and incemning E1 and routing

82




art Web Manager

| GSM Dial Plan / Prefix

= Metwork Setup

AddPac Technology

» Language Model : G51002_G2

* NAT i HAWVersion: 2.0
« PPTP E { | S/ Version: 8.00d
« NTP Port PO P1 P2 P3 Smart Web Version - 0.4
: i Smartweb Build : Mar 24 2010
o Voice Interface
Por_t Information _ 8 . G(2)8(2)
voice port type & physical port ! PlanTable@ i Profocol: SIP
P Status : Unregistered
- e : : - : - = - : - ! CurentCalls: 0 Call
i ::!(Zi;gelig?;:” Index'€ Digits to Insert& Number of Digits to Delete &/ Digit Pattern & Control & Nztrrmfonrk :aStE;tic 1;'2.15.9.15
+ GSM Extension 0 1 1 2T ] Mac Address: 0002.a400.0000
Unread Message:
VolP PLAN ] Delete i PO:0(D)
Configure translation rule for GSM Peer. _ . ) _ i Po
- first, ‘Number of Digits to Delete’ option is : | i
applicd.
- second, ‘Digits to Insert’ option is applied. Hot Line Setup
(ex) Origin called Number = 123456 Index@ Prefix @ 2nd Prefix @ Planindex € SlotPort® Control @
Number of Digits to Delete = 2 0 33 o7 0 i 0
Digits to Insert = “88” F
Delete
fesull = 88345 7 ] oy ||
* WEB Callback | ]

* GSM Callback

Miscellaneous (-]

i :a”tsmgft Prefix Table
L stem olatus . . .
2 Configure GSM Peer with translation rule.

= Alarm Status

= GSM Status

# Call Log

= System Log

= Ping

= BTS Selection
* GSM BTS Info

AddPac www.addpac.com 83




Smart Web Manager

= Metwork Setup
= Language

= NAT

* PPTP

* NTP

= Protocol

Server SIP

SIP Reaqistration
FX5 Extension
GEM Extension
DTMFICODEC
YolP Dial Plan
GEM Dial Plan
Static Route
Hot Line

= Gain & CID
GEM PINs

* Fax

= Senice
Filtering
Security

= SMMP

WEB Callback
G3M Callback

Miscellaneous —

* Call Status
Systern Status
Alarm Status
GEM Status
Call Log
Systemn Log

= Ping

BTS Selection
RSN ATS Infa

AddPac

[ static Route

T T T T T T T P PRy e

Set Remote Site Call{5-digit number is set to begin *2->*2...)

No  Remote Site IP€ Prefix & Insert Digit& DeleI;Digit Mame of Remote Site & Answer Addr Control

o 172.16.1.1 2 172.16.9.16 o Factory T |
Delete

* | | | | | Apply

fmssssssssssssmsEsEssssssssssEsEsEEEEn,
hasssssssusnssassusssssansnnnunanunnnans

",

Static Route
Configure Static VolP Peer for using Inter-Office .
(Already, | know IP & phone-number)

www.addpac.com

AddPac Technology
Model : G51002_G2
HW Version : 2.0
SN Version : 8.00d
Smart Web Version : 0.4
Smart Web Build : Mar 24 2010
Voice Interface

G(2)8(2)
Protocol : SIP
Status : Unregistered
CurrentCalls: 0 Call
Metwork : Static 172.16.9.16
Mac Address: 0002.a400.0000
Unread Message:
PO:0(0)
PO:(0)
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Smart Web Manager

= MNetwork Setup
= Language

= NAT

= PPTP

= NTP

= Protocol

Server SIP

SIP Registration
FXS Extension
GSM Extension
DTMF/CODEC
VolP Dial Flan
G5SM Dial Plan
Static Route
Hot Line

Advanced [—]

= Gain & CID
GSM PINs
» Fax

.

.

* Senice
Filtering
Security
SMMP

WEB Callback
GSM Callback

Miscellaneous [—]

Call Status
System Status
= Alarm Status
GSM Status
Call Log

= Systermn Log

“ Ping

BTS Selection
» SM ATS Infn

AddPac

.

.

.

.

.

.

.

[ Hot Line

Hot Line Configuration

FPort Hot Line Number& Digit Input Timeout <0-10 sec=- &
SOPO(G} [na 1

S0P(G) | ]

SOP2(8) CEEE 5

: SOP3(S) ]

AddPac Technology
Model : G51002_G2
HM Version : 2.0
SMW Version : 8.00d
Smart Web Version : 0.4
SmartWeb Build : Mar 24 2010
Voice Interface

G(2)S(2)
Frotocal : SIF
Status : Unregistered
CurrentCalls: 0 Call
Metwaork : Static 172.16.9.16
Mac Address: 0002.a400.0000
Unread Message:
PO:0(0}
P00}

Descintion

Hot Line
- Used as baby-call(Connection PLAR)

- Timer ( FXS port only : No Digit event is occurred for configured timer value, Auto-Dialing will be started )

www.addpac.com
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Smart Web Manager

| Gaine

= MNetwork Setup AddPac Technology

+ Language e eaamaasnanan e, | o) coqno2_G2

* NAT Gain i HW Version : 2.0
= PPTP ! S/W Version: 8.00d
= NTP Port Port Type InputGain OutputGain Caller ID i SmartWeb Version: 0.4
: SmartWeb Build : Mar 24 2010
. PO:D csM : Vpice Interface
E— P01 Gs { Protocol: SIP
i ! Status : Unregistered
. gr!pm;res:sptraﬁon 02 FX8 CurrentCalls: 0 Call
: : Network : Static 172.16.9.16
: ;);SME;:::BI?;H = 28 Mac Address: 0002.3400.0000
* DTMF/CODEC 3 ;ngfs(ﬁ[']f; WMessage:
= VolP Dial Plan POA(D)
+ (GSM Dial Flan

Static Route « Apply

Adjustthe input voice volume
Gain & CID from FXS/FXO/EV/EEM to DSP
» Gain & CID - . - and the output volume from
SR Configure Input-gain, output-gain and caller-ID. DSP to the phane or PSTN line;
A vl
* Fax
= Senice
= Filtering
= Security
* SMNMP
= WEB Callback
= G5M Callback

Miscellaneous

* Call Status

= System Status
« Alarm Status
« GEM Status

= Call Log

= System Log

* Ping

= BTS Selection
* GSMATS Infn
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Smart Web Manager

| GSM PINS

= Metwork Setup AddPac Technology
= Language Model : GS1002_G2

o

. NAT PiNs & HAW Version : 2.0
. PPTP : S/ Version : 8.00d
* NTP H Fort PIM for SIM card Smart Web Yersion : 0.4

Smart Weh Build : Mar 24 2010

- : He L i voice Interface
FE : G(2)S(2)
Protocal 20 |4 | Protocol : SIP
Senver SIP s Status : Unregistered
SIP Reagistration : CurrentCalls: 0 Call
Fi¥s Extension Metwork : Static 172.16.9.16
GSM Extension Mac Address: 0002.a400.0000
Unread Message:

+ DTMFICODEC PO:0(0
* ValP Dial Plan P°:1EU;
+ GSM Dial Plan GSM PIN .

Static Route

g Configure GSM PIN(Personal Identification Number)
Configure GSM FINs

Gain & CID
GSM PINs

* Fax

* Senice
Filtering
Security
SMMP

WEB Callback
GSM Callback

Miscellaneous (-]

Call Status
System Status
Alarm Status
GEM Status
Call Log
System Log

= Ping

BTS Selection
M BTS Infn
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Smart Web Manager

= MNetwork Setup
= Language

= NAT

= PPTP

= NTP

= Protocol

Sernver SIP

SIP Registration
* FXS Extension
GSM Extension
DTMF/CODEC
VolP Dial Plan
5M Dial Plan
Static Route
Hot Line

= Gain & CID
= GSM PINs
* Fax

.

.

* Senvice

= Filtering

= Security

= SNMP

= WEB Callback
= G5M Callback

cellaneous [—]

= Call Status
System Status
= Alarm Status
GSM Status
Call Log

= System Log

* Ping

BTS Selection
* SM ATS Infn

.

.

AddPac

[ Fax

e

Fax Mode &

Fax Rate'&

@ N R R R R AR A AR R R R R RN R R R R R R R R R AR R R R AR A AN R R R R RN R R R R R AR A R R R R R R AR A AR R R R R RN AEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEE

@ T.38 O inband T.38 O Bypass

O Disable 2400 O 4g00 O 7200 & 9600 O 12000 O 14400

FAX

Configure fax mode & rate (VoIP Lines)

www.addpac.com
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AddPac Technology
Model : GS1002_G2
HM Version : 2.0
SNV Version : 8.00d
Smart Weh Version : 0.4
Smart Web Build : Mar 24 2010
Voice Interface

G(2)S(2)
FProtocol : SIP
Status : Unregistered
CurrentCalls: 0 Call
Metwork : Static 172.16.9.16
Mac Address: 0002.a400.0000
Unread Message:
P0:0(0)
PO}

Enable or disable T.28/Inband
T.38, which is fax internet
protocol and specify Baudrate

88



Smart Web Manager

i Soniice

= Network Setup £ . AddPac Technology

» Language i Model : GS1002_G2
e Enable Telnet Server Port |23 | (default 23, 1-65535) HAW Version : 2.0
= PPTP SV Version : 8.00d
= NTP Enable HTTF Server Port | (default 80, 1-55535) Smart Web Version : 0.4
Smart Web Build : Mar 24 2010
asic | erau . -
= 5 2 . Enable FTP G(2)S(2)
= Protacal Applicaton Services & Batak ot |20 |(default 20, 1-65535) Protocal : SIP
« Server SIP ) Status : Unregistered
« SIP Reagistration Primary Server | Port (default 514) CurrentCalls: 0 Call
= . Metwork : Static 172.16.9.16
* FX2 Extension 5 d 5 | Port
il S 2 (default 514) Mac Address: 0002.3400.0000

Enable Syslog

.

G5M Extension
DTMF/CODEC
“olIP Dial Plan
GEM Dial Plan
Static Route
Hot Line

Gain & CID
GSM PINs
* Fax

* Service

Filtering e

= Security

WEB Callback

GEM Callback

Service

- Call Status - Configure application service(Telnet, HTTP, ftp, syslog)
System Status - Configure IDT(Inter Digit Time)

g‘;::"sfa‘f:zs - Configure Call-Transfer-Mode & Hook-Flash-Usage-Type.

Call Log - Configure Call-Transfer-Mode.
System Log

= Ping

BTS Selection
GSM BTS Info

AddPac www.addpac.com 89

Log Level
Log Command

Unread Message:
PO:0(0)
PO(0)

Enable or disable Telnet,

HTTF, FTF and specify the
acess port and Call Hold/
Transfer and Timer.

Timer'& Inter Digit Time | sec (default 3, 1-600)

.

Transfer O Hook-Flash & Not-assigned
Ccall Service' @
Hold O Hook-Flash @& Not-assigned

.

SIP Transfer & Mode @ blind O Attended

B T T T e PP P PP PP P PPV P PPV P YT PPV PP TV PPTTPTTTTION
e msassEssAsEAssESESsNAsESsEAsaNssEsEEAsssssRsEEssEssasssasesssasEERsERet’

. .

.

.

.

.

.



Smart Web Manager

* Metwork Setup
* Language

= NAT

= FPTP

= NTP

Protocol

Server SIP

SIFP Registration
FX5 Extension
GEM Extension
DTMF/CODEC
VolP Dial Plan
GSM Dial Plan
Static Route
Hot Line

Gain & CID
GEM PIMs

* Fax

= Service
Filtering
Security
SMNMP

WEB Callback
GSM Callback

Miscellaneous

Call Status
System Status
Alarm Status
GSM Status
Call Log
Systemn Log
Ping

BTS Selection
22M ATS Infn

AddPac

| Filtere

PP
e,

B

Filter
Configure application service filter with IP & Subnet mask.

www.addpac.com

FTP Filter

E Metworl Addr Metwork Mask Control
E [ | Add

: HTTP Filter

E Metwork Addr Metwork Mask Control
3 | Add

i | TelnetFilter

E Metwork Addr Metwork Mask Control
3 | [ | Add

AddPac Technology
Model : GS1002_G2
HAW Version : 2.0
SNV Version : 8.00d
Smart Weh Version : 0.4
Smart Web Build : Mar 24 2010
Voice Interface

G(2)5(2)
Protocol : SIP
Status : Unregistered
CurrentCalls: 0 Call
Metwork : Static 172.16.9.16
Mac Address: 0002.a400.0000
Unread Message
PO:0(0)
PO:A(0)

For FTR, HTTP, Telnet, set up

one IP or IP band for allowing
access

%uusussssssssssssussesasssssususuEssesasasasuasasasnsusunnnnnnas?

0
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Smart Web Manager

I Security

= Metwork Setup R e T e e e e L L L e e L LT LT
» Language :
= MNAT

- PFTP 3
. MTP : WarDialing Filtering & CEnable & Disable

: Allow Digit Length{IP to PSTN) & Min | | Max |

Protocol
Server SIP
SIFP Registration

IP Filtering & ) Enable (& Disable

SIP Shutdown'& ) Enable & Disable

LR R T )

GEM Extension

DTMFICODEC
ValP Dial Plan
GEM Dial Plan
Static Route

Hot Line

.

.

Security

- IP Filtering : Allowing only the_inbound call which is registered to Call-Routing of
po— the server by static IP.
e - WarDialing : Allowing only the inbound call with the number registered to Inter-
- Fax Office and phone-number.
S.Tt::ﬁ; - Digit Length : Allowing only the inbound call with the number registered to
Inter-Office and phone-number

Security
SNMP - SIP . SIP signaling packets are filtered.
= WEB Callback
G5M Callback

Miscellaneous -]

Call Status
Systemn Status
Alarm Status
GSM Status
Call Log
Systern Log
Ping

BTS Selection
GSM BTS Info

Addec www.addpac.com
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FHS ExteNSION | e s s mm s s smm s s s s s s s s s e e e R R R R AR R AR AN R AR A NN R AN EEEEEEEEEEEEEEEEEEEEEEsEEEEEsmsssssssssnsssannaofuannnn

AddPac Technology
Model : GS1002_G2
HAW Version 1 2.0
S/ Version : 8.00d
Srmart Web Version - 0.4
Smart Web Build : Mar 24 2010
oice Interface

Gi2)s(2)
Protocol : SIP
Status : Unregistered
CurrentCalls: 0 Call
Metwork : Static 172.16.9.16
Mac Address: 0002.a400.0000
Unread Message:
PO:0C0)
PO:1(0}

Configure the settings for IP
authentication and protocol and
incoming number
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Smart Web Manager

| GSM WEB Callback

= Metwork Setup B T T e PP T e T P e PP O P T EPrPCPTEP PP Pr e . AddPac Technology

* Language y Wy Model : GS1002_3G2
. MAT : Calling Number Whitelist ] HAW Viarsion = 2.0
-« PPTP ! || S Version: 8.00d
« NTP E index'@ DialPaﬂern'@J Contral E Smart Webh Version : 0.4
i : Smart Web Build : Mar 24 2010

. 0 01023234444 | “oice Interface
; L cese)

e / Delete i Protocol: SIP
Calling Number White List ! Status: Unregistered
The employee working at the out of office |U 'I | Add CurrentCalls: 0 Call
are usually registered. ! Metwork: Static172.16.9.16

Mac Address: 0002.3400.0000
Unread Message:

* GSM Extension
* DTMFICODEC

i WEB Callback

= VolP Dial Plan : Eg?gg;
= GSM Dial Plan Destination Numbers € Source Numbers&) Contral '
* Static Route F

Execute GSM call service
function and Configure call
service whitelist

WEB Callback
The employee WOrking at the out Of Oﬂ:ice S -

can use web call agent.
= adln & LD

= GEMPIMs

* Fax ] Call Fail
s Copiicn /
Status Viewer

Display real-time call staus.

« WEB Callback ]
= 33M Callback et eeeeeeeeeensassssaeeeeeeeeessasssssEEEEeEeeeeeeeennnnnunnnEreeeeeeennannnnnnneeeeeeeeeanaannnaEEereeeeeennnnnnnnnrererreeerennann ¢

AddPac www.addpac.com 92



Smart Web Manager

GSM Callback
The employee working at the out of
office can use this function.

- The Call received from GSM network
is automatically disconnected.

- GSM gateway calls to the calling
number.

Calling Number White List
The employee working at the out of office
are usually registered.

* HotLine

Advanced (-]

* Gain & CID

* GSMPINs

* Fax

* Senice

* Filtering

= Security

= SMMP

* WEB Callback
= GSM Callback

Miscellaneous (-}

« Call Status

= Systemn Status
= Alarm Status
* GSM Status

= Call Log

= System Log

= Ping

* BTS Selection

& Q2K AT Inf

AddPac

= FXS Extension 3
= GSM Extension q

GSM Callback

Calling Number Whitelist <

[0 [v] f Add

Callback @

Group'@ Index'@ DialPattern & Control &
3 0 1237 d
Delete

GSM Port® My Nurnber & WhilteList Group'&/
PO:0

PO

Callback
The white list group is adapted to specific GSM port

www.addpac.com

=

AddPac Technology
Model 1 G51002_G2
HW Version : 2.0
SMW Version : 8.00d
Smart Web Version : 0.4
Srmart Web Duild : Mar 24 2010
oice Interface

G(2)5(2)
Frotocol : SIF
Status : Unregistered
CurrentCalls: 0 Call
Metworlk : Static 172.16.9.16
Mac Address: 0002.a400.0000
Unread Message:
PO:0(0)
PO:1(0)

Execute GEM callback function
and Configure callback
whitelist

93




! call Status

= MNetwork Setup B . AddPac Technology
= Language : Port Status (Analog) Model : G$1002_G2
* MNAT : : HAN Version : 2.0
/: H S Version : 8.00d
H Slot FPort Group S
Ana|og Port : : Smart Web VeII'BIOI"I 104
Real-time display about H Fort o) 10 20) 30 : Smart Web Build : Mar 24 2010
play m SLOTO Status I I I I Voice Interface
analog port status : e i G(2)5(2)
tion. call stat : st O O O O : Protacal : SIP
(Occupa ey Ll St US). H Status : Unregistered
q oo f . i
Provide a specific port et e eameeeseeeameeeeeesEeesreesseessressssesssessmeisssessseissreesssisssessssisssersseisssesseesssreissesssressseisssesssessssesssssssressssssees . Pl S
blocking function Unblock Block Metwork : Static 172.16.9.16
Mac Address: 0002.a400.0000
* DTMF/CODEC Connection State:  (Connected) (Disconnected || Blocked) Unread Message:
« VolIP Dial Plan Call State : (ldle) (Ring || Dial} (Called) (Calling) (Blocked) Eg:gg;
* GSM Dial Plan I L™ ™ " * %R RN A s N RN A R AR A A A R R A AR R A AR R AR RN AR AR ENENE AR AEEEEEEASAEEEEAEEESEsEEEEEEEaaas . g
* Static Route :
H Port® | Direction'®| Established Time'& Calling Nurmber& Called Number® | CODEC'® Src/Dest. IP& | :
Active Call Status H : Verify port status and retrieve
. . 3 H the present call information
Real-time display about : :
K ;

Curl’ent aCtlve Ca” StatUS e NN R RN EEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEENEEEEEEEEEEEEEEEEEENEEEENEEEENENEEEENEEEENENEEEEEEEEEEEEEEEEEEEEEEEEEEEEEES
(calling party addr, called
party addr. Codec, etc)

~ Secunty

* SMMP

= WEB Callback
= 35M Callback

Miscellaneous -]

= Call Status
Systemn Status
Alarm Status
GEM Status
Call Log
Systermn Log

= Ping

BTS Selection

s 2M ATS Infa
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Smart Web Manager

= Metwork Setup
= Language

= NAT

* PPTP

= NTP

System Status =
- voice port status & information
- SIP-UA status & information
- gateway status & information
- system utilization information

* \/oIP Dial Plan
= G3M Dial Plan
= Static Route

* HotLine

* Gain & CID

* GSM PINs

* Fax

= Service

= Filtering

= Security

* SNMP

* WEB Callback
= G5M Callback

Miscellaneous -

* Call Status

= System Status
= Alarm Status

= GSM Status

= CallLog

= Systemn Log

= Ping

= BTS Selection
= G8MRTS Info

AddPac

ot

l System Statuse

et

. LA

Voice Port
Port LineType Status InGain OutGain TieType TieDigits CallNum Tecalled Tealling
o/ 0 GSM Idle [u] 1] none -1 -1 =1
o/ 1 GSM Idle [u] 1] none =1 =1 e
a5 2 F¥5 Idle [u] a hot-line 8888 -1 -1 —1.
os 3 FX5 Idle lu] a none -1 i | -1
SIP-UA
Proxyzerver Registration Information
Proxyserver registration option = eléd
Proxyserwver list :
Server address Port Priority Domain Status (LestFailReason)
172.17.116.215 5080 128 any Failed (Rx:0therMag)
Proxy Server registration status :
E.l64 UserName Pagaword Fort Status
1005 1005 NCONE os 2 Registered
33 33 HONE o/ 0 Failed
SIF U& Timer counters
retry counter = 10
SIF UA Timer values
tretry (sip retry timer) = 500 msec.
tintervael (sip retry max interval timer) = 4 sec.
treg {(gip register timer) = &0 sec.
tregtry (sip register retry timer) = 20 sec.
texpires (3ip invite expire timer) = 180 sec.

tsipping (sip ping timer) = 45 sec.
SIP UL Session Timer value
Min-S5E = 1800 sec.
Segaion-Expires = 1800 sec.
STP DNS SEV Query : Disable
SIF Call Transfer Mode : Basic
SIP Media Channel Start Mode :

S5IP Response Option : default
5IP Local Domain : NOULL
SIP Special Char : NULL

SIP Routing Method of Incoming Call :
*SIPF Remote-Party-ID : Disabled

2

Default
SIP Reliasble Provisional Response Option :

Supported with value <100rel>

Default

www.addpac.com
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AddPac Technology
Model : G51002_G2
HIW Version : 2.0
SMW Version : 8.00d
Smart Web Version : 0.4
Smart Web Build : Mar 24 2010
Voice Interface

G(2)8(2)
Protocol - SIP
Status : Unregistered
CurrentCalls: 0 Call
Metwork : Static 172.16.9.16
Mac Address: 0002.a400.0000
Unread Message:
PO:0{(0)
PO:1(0)

Verify the present port
information, Server Register
status, CPU and Memory
usage

95



Smart Web Manager

I Alarm Statuse

= Metwork Setup
= Language

Interface Down Counter =0
= NAT H323 Register Fail Counter =0
= PPTP SIP Register Fail Counter =0

= NTP v

CTEY (-

* Protocol

Server 3IP

SIP Registration
FX2 Extension
G5M Extension
DTMFICODEC
YolP Dial Plan
GSM Dial Plan
Static Route
Hot Line

Advanced (-]

= Gain & CID

= G5SMPIMs

= Fax

* Service

= Filtering

= Security

= SMNMP

= WEB Callback
= 35M Callback

Miscellaneous (-]

= Call Status

= System Status
= Alarm Status
= GSM Status

= Call Log

= System Log

= Ping

* BTS Selection
» 2SM ATS Infn

AddPa

- sasssssssnss

Alarm Status

- Interface Down count

- H323 register fail counter
- SIP register fail counter

www.addpac.com

AddPac Technology
Model : GE1002_G2
HW Version : 2.0
S Version : 8.00d
Smart Web Version : 0.4
Smart Web Build : Mar 24 2010
Voice Interface

G(2)S(2)
Frotocol : SIP
Status : Unregistered
CurrentCalls: 0 Call
Metwork : Static 172.16.9.16
Mac Address: 0002.3400.0000
Unread Message:
PO:0(0)
PO:1(0)

Werify the physical failure of

LAM, H.323 / SIP Reagister Fail
by increasing counter
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Smart Web Manager

| GSM Status

= Metwaork Setup AddPac Technology

« anguage e S e C O e L L LI eI L LU RO CLRRCR . Model : G31002_G2

. MAT GSM Port Status & Information & I HwW Version 2.0

- PETP : i SWVersion: 8.00d

= NTP Device Infomration Accouting (Used/QuotalFree) i SmartWeb Version: 0.4
Fort My Phone Number& T S - F Smart Web Build : Mar 24 2010

Basi : Reagister Status'@ Signal Strength & Voice Quota(secs) € SMS Quota(E.A)E I Voice Interface
: FO:0 REG 0dB 0/36000/ 36000 0/300/300 : e=E)

« Protocol : | Protocol: SIP

» Server SIP FOA REG 0dB DF-1£-1 0r-11-1 : | Status : Unregistered

- SIP Registration CurrentCalls: 0 Call
s EEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEESEEEEEEEEEEEEESEEESEEEEEEEEEEEEEEEE N4 Metwork : Static 172.16.9.16

FXS Extension

GEM Extension Mac Address: 0002.a400.0000

Unread Message:

* DTWF/CODEC e
= VolP Dial Plan PU:.]EU:
+ (3SM Dial Flan GSM Status |

Static Route

HotLing - my number

- GSM register status

- GSM signal siengh

— - Account information

= GSMPINS * voice quota (used / quota / free)
- Fax * SMS quota (used / quota / free )
* Service

* Filtering

= Security

* SNMP

* WEB Callback
* 35M Callback

Miscellaneous (-]

= Call Status

* System Status

* Alarm Status

* GSM Status

= Call Log

= Systemn Log

* Ping

* BTS Selection
GEM RATS Info

Addec www.addpac.com

Diaplay GSM wireless status




Smart Web Manager

! call Log

= Metwork Setup
.

Language E CallNum EventTime Descript CallingPartyNum CalledPartyNum RemoteInfo SetupTime Dur Reason
* NAT B
= PPTE -
* NTP

m. ........................................................................................................................................................................................................................... ’

* Protocol

* Server SIP

* SIP
Reagistration

* FXS Extension

* GSM Extension Call Log

e Show call history information
= VolF Dial Flan

+ GSM Dial Plan * call number
- Static Route * event time
“THitne * description

* calling number
+ called number

* Gain & CID * remote IP information

*ESMERES * call setup time
el * call duration

= Sernvice

- Filtering * call clear reason
= Security

= SMNMP

* WEB Callback
* GSM Callback

Miscellaneous

* Call Status

= System Status
= Alarm Status
* (GSM Status

= Call Log

= System Log

= Fing

AddPac www.addpac.com 08



Smart Web Manager

* Network Setup
= Language

= NAT

= PFTF

- NTP

= Protocol

= Server SIP

= SIP Registration
F¥3 Extension
GSM Extension
DTMFI/CODEC
VaolF Dial Plan
GEM Dial Plan
Static Route
Hot Line

= Gain & CID

= GSM PINs

= Fax

= Senice

= Filtering

= Security

= SMNMP

= WEB Callback
= GSM Callback

Miscellaneous

= Call Status

= System Status
= Alarm Status
GEM Status
Call Log
System Log
Ping

BTS Selection
GSM BTS Info

AddPac

l System Loge

command logging buffers (messages logged)

System Log

- command log
- system alarm log ( ex : interface down)

www.addpac.com

"
:

Vasmamasssazazazsas

AddPac Technology
Model : GS1002_G2
HwW Version : 2.0
SV Version : 8.00d
Smart Web Version : 0.4
Smart Web Build : Mar 24 2010
“oice Interface

Gl2)s(2)
Frotocol : SIP
Status : Unregistered
CurrentCalls: 0 Call
Metwork : Static 172.16.9.16
Mac Address: 0002.a400.0000
Unread Message:
P0:0(0)
PO:1(0)

Retrieve the system log

99



Smart Web Manager

| Pinge

= MNetwork Setup
= Language
= NAT

Host address | Start

PING
You can diagnose network
status by PING.

= Protocol

* Server SIP

SIF Registration
* FXS Extension
GEM Extension
DTMFICODEC
VolF Dial Flan
GEM Dial Plan
Static Route
HotLine

* Gain & CID
GEM PINs
* Fax

Vaussmsmssssssssssssssnanana’

PING
Show real time ping status.

* Service
Filtering
Security
SMMP

WEB Callback
GSM Callback

Miscellaneous

Call Status
Systemn Status
Alarm Status
GEM Status
Call Log
System Log

= Ping

BTE Selection
= G8M RTS Infn

AddPac

www.addpac.com

AddPac Technology
Model : GS1002_G2
HMW Version : 2.0
S/ Version : 8.00d
Smart Web Version : 0.4
Smart Web Build : Mar 24 2010
Vioice Interface

G(2)5(2)
Protocol : SIP
Status : Unregistered
CurrentCalls: 0 Call
Metworlk : Static 172.16.9.16
Mac Address: 0002.a400.0000
Unread Message:
PO:0(0)
PO:1(0)

Verify the physical failure of

LAM, H.323 / SIP Register Fail
by increasing counter
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Smart Web Manager

| GSMLCR/ Black List & White List
* Metwork Setup Y AddPac Technology
it e P NSRRI M RO ‘L. Model : 65100262
. NAT § BlackList® % | HW Versien: 2.0
= PPTP I S/ Version: 8.00d
. NTP Index @ DialPattern & Control Smart Web Version: 0.4
H : | Smart Web Build : Mar 24 2010
o 8887 O i Voice Interface
: i case)
* Protocol Delete Protocol : SIP
. q ¢ Status : Unregistered
. gf’pw;;;ftraﬁon (0 [+] [ ] Add ! CurrentCalls: 0 Call
« FXS Extension i Network: Static 172.16.9.16
« GSM Extension : R : [j:Fe.-‘;f;dr:‘eeisgaﬂgﬂeqzad-ﬂ0.0000
* DTMF/CODEC : : 3 :
» VolP Dial Plan - — Eg;:gg;
= GSM Dial Plan H Index'& DialPattern & Contral !
+ Static Route :
Delete ! Configure black & white list
+ Gain & CID L ApRLY
+ GSM PINS Ey i
- FEU( .'- ---------------------------------------------------------------------------------------------------------------------------------------------------------- -’.
= Senvice
* Filtering
= Security
* SNMP
* WEB Callback
* GSM Callback LCR Black & White List
Black List : The patterns are disallowed GSM outbound call.
White List : The patterns are allowed GSM outbound call.
= Call Status
= System Status
= Alarm Status
= GSM Status
= Call Log
* System Log
* Ping
= BTS Selection
= (35M RTS Infn
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Smart Web Manager

| GSM LCR / Time Interval Group

= Network Setup
= Language

= NAT

» PPTP J
= NTP

Timelnterval

Control &
|

Group @ StartTime(hh:mm) &) EndTime(hh:mm) &

o Weekdays 00:00 23:69

Basic

* Protocol Delete

* Server SIP . } . .
* SIF Registration [0ad] [0 [»]o [v]
* Fi3 Extension

* G3M Extension e e {2 e e e
DTMFICODEC
YolP Dial Plan
GEM Dial Plan
Static Route
Hot Line

Advanced -}

= Zain & CID
GEM PINs
* Fax

= Senice

Add

Time Interval
GSM outbound call is restricted by Time Interval

Filtering
Security
SMMP

WEB Callback
GSM Callback

Miscellaneous (-]

« Call Status
System Status
Alarm Status
GEM Status
Call Log
System Log

= Ping

BTS Selection
22M RATS Infn

AddPac

www.addpac.com

! . Mac Address: 0002.a400.0000

AddPac Technology

Model : G51002_G2

HW Version : 2.0

S/ Version : 8.00d

Smart Web Version: 0.4
Smart Web Duild : Mar 24 2010
:  Voice Interface

G(2)5(2)

= | Protocol : SIP

Status : Unregistered
CurrentCalls: 0 Call
Metwork : Static 172.16.9.16

Unread Message:

PO:0(0)
PO:1(0)

Configure time interval group
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LCR — Tariff Grou

Smart Web Manager

EZZ3E) | GSM LCR/ Tariff Group

Network Setup

Language =
Tariff Group' &'

.
* NAT
- PPTP
* NTP

* Protocol

* Server SIP

= 3IF Registration
* FXS Extension
* (33M Extension

Time Interval Group
Time interval Group is
adapted to this tariff
group.

Advanced

Restore call limit
Quota restore time

Restore Call Limit

Accouting Period Free Cuota

croup® Time Group® i : - - : 8 § Cantrol
: P Type'@ RestoreDay® | First(sec)® Others(sec)®| voice(min)& sSMSE A)E :
t 1 monthly 15 30 10 500 300 O
: Delete
: : Edaily w 1 vl Add
« B
TariffPort & / / \
Port'@ . TariffGroup &
Tariff Group
PO:0

Tariff group is
P01 adapted to specific
GSM port.

P02

|

LA

PO:3

=
= Security
_ShLE

Accounting Period

| ©&

- configured as

first connect

and so on.

Used to voice call.

First (30 seconds ) Others(10 seconds )

-- 30 seconds are accounted.

after 30 seconds -- 10 seconds are additionally accounted.
after 10 seconds — 10 seconds are additionally accounted.

Free quota
Free quota information.
Current Usage information is
supported at GSM Status.

BTS Selechion
= SM ATS Info

AddPac

www.addpac.com

AddPac Technology
Model : 351002_G2
HMW Version : 2.0
S/ Version : 8.00d
Smart Web Version: 0.4
Smart Web Build : Mar 24 2010
Voice Interface

G(2)5(2)
Protocol @ SIP
Status : Unreagistered
CurrentCalls: 0 Call
Metwork : Static 172.16.9.16
Mac Address: 0002.a400.0000
Unread Message:
PO:0(0)
PO:1(0)

Configure tariff group

103



LCR — LCR Te

Smart Web Manager

| LCR Teste

= Metwork Setup
= | anguage :
* NAT ! Caller @ EEER
= FPTF :

= NTP

i Called Number: &

LCR Test
LCR simulator
= SIP Registration = 4= LCR : - src digits | 8888(GSM) -= dst digits : 9999(GSM)
: 5= LCR : — MatchAllProcess After Sarted
« FXS Ext =
ensian < 8= LCR: <0> id(3048) dest(T) prefer(0) selected(d)
* GSI Extension < 7=LCR:—Trying : <0= id{3048} dest(T)
L . e -
LCR Test = @=LCR  —Error: Qutbound White Group(id: 1) UnMatched
Show real time simulation status. < 9= LCR -
< 10= LCR : - Result : Fail
T T = 11= LCR :
= Hot Line = 12=LCR: GEM LCR(Least Cost Route) Simulator End
= 13= LCR:
Advanced (—]
= Gain & CID
- SO Pilkle

AddPac

www.addpac.com

AddPac Technology
Model : G51002_G2
HAW Wersion : 2.0
S Version : 8.00d
Emart Web Version : 0.4
Zmart Web Build : Mar 24 2010
Voice Interface

GiZisz)
Protocol © SIF
Status : Unregistered
CurrentCalls: 0 Call
Metwarle : Static 172.15.9.16
Mac Address: 0002.a400.0000
Unread Message:
PO:0(0)
P10}

LCR Test
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Smart Web Manager

= Metwork Setup
= Language

= NAT

* PFTP

= NTP

Basic

* Protocol

* Server SIP

= SIP Registration
* FXS Extension
* GSM Extension
DTMF/CODEC
= YolP Dial Plan
GEM Dial Plan
Static Route
HotLine

Advanced @

Gain & CID
GSM PINs

* Fax

* Sernvice
Filtering

= Security
SHNMP

WEB Callback
GSM Callback

Miscellaneous (-]

= Call Status

= System Status
= Alarm Status
GSM Status
Call Log

= System Log

= Ping

= BTS Selection
» M ATS Infn

AddPac

| GSM SMS / InBox

N A A A R A RN R AR A A AR R RN N AN AN EEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEESEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEEE

number of messages are 0

[Poofg] ox

PETTTIT I I I I I LTI IS

Index Sender Received Message

S LI LI LT T T TN

o

GSM SMS / In Box
- total message
- unread messages (Blue color)
- received time
- content

www.addpac.com

LTI P PP

Information

AddPac Technology
Model : G51002_G2
HAW Version : 2.0
S/W Version : 8.00d
Smart Web Version : 0.4
Smart Web Build : Mar 24 2010
Woice Interface

G(2)S(2)
Protocol : SIP
Status : Unregistered
CurrentCalls: 0 Call
Metwork : Static 172.16.9.16
Mac Address: 0002.a400.0000
Unread Message:
PO:0O0)
PO:1(0)
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Smart Web Manager

! GSM SMS / New Message [ miormation ]

= Metwork Setup AddPac Technology

Max size is 80 characters

- Language e Model - GS1002_G2
. PAT :| Phone Mumber | HMW Wersion : 2.0
= PPTP H Message | S/W Version : 8.00d

* NTP H . Smart Web Version : 0.4
Fort PO:0 [w
d |_‘_l Smart Web Build : Mar 24 2010

Voice Interface
- 3 Send H
I e

Praotocal Protocol : SIP

Server SIP Status : Unregistered
CurrentCalls: 0 Call

Metwork : Static 172.16.9.16
Mac Address: 0002.a400.0000

mamsssmssssnsnnnna’

SIP Registration
FXS Extension
GEM Extension

PR e Un.read Message:
- VolP Dial Plan New Message Egﬁ:gg;

- GSM Dial Plan send a new message to the other GSM mobile phone. :

= Static Route

Advanced -}

Gain & CID
G3MPIMs

* Fax

Sernvice
Filtering
Security
SMMP

WEB Callback
GSM Callback

Miscellaneous -}

Call status
System Status
Alarm Status
GEM Status
Call Log
Systemn Log
Ping

BTS Selection
* XSM ATS Infn
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Thank you!

AddPac Technology Co., Ltd.
Sales and Marketing

Phone +82.2.568.3848 (KOREA)
FAX +82.2.568.3847 (KOREA)
E-mail sales@addpac.com
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