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1. Web Connection via Console Port

Serial port

Baud rate 9600

Connect to VolP Gateway via console port to enter

IP address

in order to set Interface 0/0

Input IP address of interface 0/0 using below command
Connect to the IP address via web after saving

No parity ==
1 stop bit
No flow control

Login ID/Password : root/router

Router> enable

Router# configure terminal

Router(config)# interface FastEthernet 0/0
Router(config-if)# ip address <IP Address> <Subnet Mask>
Router(config-if)# exit

Router(config)# ip route 0.0.0.0 0.0.0.0 <Defaullt Gateway>
Router(config)# write

Proceed with write? [confirm]y

=> Enter the enable mode
=> Enter the configuration mode

=> EX) ip address 172.17.109.1 255.255.0.0

=> EX) ip route 0.0.0.0 0.0.0.0 172.17.1.1
=> saving
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2. Connection Web via LAN 1 Port

LAN 1 Default IP address
IP Address : 192.168.10.1

LAN 1 Subnet mask : 255.255.255.0
1. It is the way to connect to VolIP Gateway via LAN 1 port
2. The factory default of LAN 1 port

- IP Address : 192.168.10.1
- Subnet mask : 255.255.255.0

- Enter IP address 192.168.10.1 on your web browser

3. After set PC with same IP address subnet, connect to VolP Gateway
- Connect PC to VoIP Gateway using Cross UTP-Cable. You may use Ethernet switch with normal UTP-cable
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The screen of Web connection

» The Shown log-in screen is connection to Web page.

Connect 10,197,166.10.1 Please enter the below log-in information

ID : root
Password : router

AddPac
Llser Ay ﬁ | e Smart Web Manager
EZZE) | system Information
Password: | = o
[ Jremember my password e s

[POT—

L Ik, Cancel J]

v
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1. WAN Setup Screen -1

* Language

= AN Setup

* NAT

* NTP

= System Time
* File Browser

AddPac

o Apply

[ WAN & Tunneling Setup

Hostname & Router

PAddress  172.17.109.3 ABCD
Network Mask 255.255.0.0 ABCD

& Static IP Y Default Router ABCD

I Primi
DNS Server ary ONS Server
Secondary ONS Server

User name
Password

O PPPOE(ADSL) Y ® (No Authentication)

Authentication (1 PAP (PPP Authentication Protocol)
© CHAP(Chalienge Handshake Authentication Protocol)

| DHCPW
O vian oo
@ Auto
WAN Link Control & Speed
7 Manual
Duplex
NAT & Bridge ¥ & MNone ™ NAT © Bridge
MAC(Hardware)
Address ¥
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@O WAN Setup (LANO)
-Hostname : Enter the device name of Gateway

-Static IP
-PPPOE(ADSL)
-DHCP

-VLAN

-NAT / Bridge

* Please make sure to press the apply button for
saving
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1. WAN Setup Screen -2

2
Csyem o fe— 2 VAN Setup (LANO)
- Language @ Mone(Disable Tunneling, default)
) PPTP(Point-to-Paint Tunneling Protocol) -PPTP setup
= AN Setup User name
. NAT Password * Please make sure to press the apply
= NTP Hode © (No Authentication) button for saving
= System Time Authentication ) PAP(PPP Authentication Protocol)

* File Browser ) CHAP(Challenge Handshake Authentication Protocol)
@ Mone (Default)

Phone Number

Hostname (Use hostname as phone number)

) User Define

Sourcc FoatEthernotd/d -+

Destination A B.CD (Tunnel End Point Address)
() Voice and Data Use Tunnel Interface (default)

Service ) Woice Use Tunnel Interface, Data Use Ethernet Interface

() Data Use Tunnel Interface, Woice Use Ethernet Interface
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2. LAN Setup Screen

) (AN Seiup

@ LAN Setup (LAN1)

* Language

= WaAN Setup @ Hone

s BAT ) IP Share (IP Connect)
* NTP

= System Time
= File Browser

) Static

AddPac

B, -None : Use default IP address 192.168.10.1.
-IP share : Use it by sharing WAN IP.
- -Static : Use it by setting up IP address.

IP Address 152168101 A.B.CD (default 192.168.10.1)

Metwork Mask 255.255.255.0 AB.C.D (default 255.255.255.0)
Default Lease time

CHECKED 0 {in seconds, default 36400,1 day)
Addresz Range H

DNS Server AB.CD
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FXS Port Setup
FXO Port Setup
E1/ T1 Setup
Hot Line
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AddPac Digit Structure

#* Digit Structure

- 9T : All number started with 9 as the first digit

- 4.. : Three digit number started with 4 as the first digit

- [2-9]T : All number started with 2 to 9 as the first digit

- 00[227]T : All number started with 001, 002, 007 as the first digit

** T : Accept all number entered within Inter Digit Time (Default IDT : 3sec)
** Dot(.) : One dot(.) means one digit
** [ ] : The range of number

¢ Rule tranfer

- Digit pattern : 025683848 / Digits to insert : 82 / Number of digits to delete : 1 > 8225683848
- Digit pattern : 00[127]T / Digits to insert : 123 / Number of digits to delete : 2 > 123[127]T

- Digit pattern : [2-9]4... / Digits to insert : 823848 / Number of digits to delete : 3 > 823848..

Addpa‘ www.addpac.com
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1. FXS Port - FXS Extension

* Protocol

* Senver SIP

* Sernver H.323

* S|P Registration
* H.323 Registration
= E1/T1 Trunk

* FX0O Extension
* E1/T1 Extension
* DTMFICODEC
= VolP Dial Plan

* FXO DialPlan

= Static Route

* HotLine

®

[ FXS Extension

Port Information

Part PO P1 P2 P3 P4 P5 PG P7
SLOTO FXS FXS FXS FXS FX0 FXO FXO FXO
SLOT 1 FXS FXS FX3 FX5 FXS§ FAS FXS FX3

FX$ Extension Configuration

Pots Num & Port& Numbers & Preference & HuntStop@' Control &
Delete |
[Po:0 v O Apply

* FX5 Extension - Assigned Pots Tag Mumber ; 1512 - 2023

@ The each port information of Gateway

@ FXS Extension : Set the number of phone on FXS port
- Index : Enter number in order. Please make sure not to be duplicated
- Port : Select FXS port to be set

- Numbers : Enter FXS number

- Preference : Set priority for each number.

AddPac

If there is the same number at two ports, a port is selected by this priority
- Hunt Stop : It is a function of forward a call to other party in case of unavailable receiving call.
Activation of this function is recommended

www.addpac.com
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Port Setup > FXO Port

2. FXO Port - FXO Extension
I FXO Extension

* Protocol

* Senver SIP @ Port Information
* Server H.323

* SIP Registration Fort FO P P2 F3 P4 P5 P F7
* H.323 Registration
= E1/T1 Trunk

= FXS Extension SLOT A1 FXS FXS FXS FXS FXS FXS FXS FXS
= E1/T1 Extension @ FXO Extension Configration
* DTMF/CODEC

SLOTO FX3 FXS FX3 FX3 FRO FXO FX0 FXO

* VoIP Dial Plan Pats Num'© Port'® Numbers € Preference & HuntStop' € Control €
= FX0O DialPlan

= Static Route Delete

* Hot Line
[Po:a v [0 v] O Aoty |

* FX0 Extension - Assigned Pots Tag Number : 2024 - 2535

@ The each port information of VoIP Gateway

(@ FXO Extension : Set the number of FXO port

- Index : Enter number in order. Please make sure not to be duplicated

- Port : Select FXO port to be set

- Numbers : Enter FXO number

- Preference : Set priority for each number.
If there is the same number at two ports, a port is selected by this priority

- Hunt Stop : It is a function of forward a call to other party in case of unavailable receiving call.
Activation of this function is recommended
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Port Setup > FXO Port

2. FXO Port - FXO Dial Plan
| FXO Dial Plan / Prefix

* Protocol
* Server SIP @ Plan Table &
* Sernver H.323

* S|P Registration Rule Num & Digits to Insert& Digits to delete'® Digit Pattern &
* H.323 Registration
* E1T1 Trunk

* FXS Extension |:| \:|
—

= E1/T1 Extension @
* OTMFRICODEC

FXO Table' &

Control €

Delete

Add

= VolP Dial Plan
* FXO DialPlan
= Static Route

* HotLine

Pots Num &' Frse Fro® Number® Planindex & Freference &

[Po:0 »] [P0 v |

* FX0 Dial Plan - Assigned Translation-Rule Tag Number Mumber - 100 - 199
*FX0 Dial Plan - Assigned Pols Tag Number . 3560 - 4071

@ Plan Table : use when number transformation is necessary.
- Digits to Insert : Number you want to enter
- Number of Digit to Delete : Number of digit to delete
- Digit Pattern : Number to apply for conversion

(@ FXO Table : use when setup backup dispatch with FXO port.
- FXS : specify FXS port for backup dispatch.
- FXO : specify FXO port for backup dispatch.
- Number : specify digit pattern for backup dispatch.
- Plan Index : specify relevant number when applying plan table.
- Preference : specify the order of priority for backup dispatch.

Addec www.addpac.com

[NA ~] 9w

Control'@

Delete

Apply
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3. E1/T1 Port - E1/T1 Trunk -1

* Protocol
* Senver SIP
* Sernver H.323

* S|P Registration

+ 1323 Req tio/
* FX3 Extension

* FX0O Extension

* E1/T1 Extension

* DTMFICODEC

= VolP Dial Plan

* FXO DialPlan

= Static Route

* HotLine

E1 / T1 Trunk : Be sure to setup first before using E1 or T1 (default is E1)
If EL/T1 Trunk is not setup, E1/T1 Extension and Registration cannot be setup.

AddPac

| E1/T1 Trunk

T1 Port (Slot 0/0) &

Clock-Source &
Framing

Line Code

Signaling-type '

ISDN-PRI

R2-MFC

Busyout &

SlotPort group Num (0~8)

[ |
Master "i
SF_w

[ =

ISONFRI ¥
Protocol-emulate %'
Virtual-Connect
Immediate-gisc &
Dial-Tone-Generate &

Compand-Type' @

Q931 Timer

Get-Calling-number®

Action

Time slot Range(1-24,16-24,1,2.3) Control
| Add

® Network Ouser
C Enable @ Disable
OEnable ®Disable
OEnable ®Disable
®a-law Qu-law
N303 2 (1~10sec)
T30z |4 (1~400sec)
T310 o | (5-400sec)
OEnable ®Disable
O PonDown ®nNone

www.addpac.com
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3. E1/T1 Port - E1/T1 Trunk -2 (E1)

Group Setup for E1 Channel.
Be sure to setup before using E1.

E1 Port (Slot ﬂfﬂ)'@.«' Slot'/Port group Mum (0~3) Time slot Range(1-31,16-31,1,2,3) Control /
o o Clock Setup : Master / Slave
/ Be sure to setup in pair with other device
Clock-Source'& Slave w
Erandin A EEER - | E1Framing : CRC4 / No CRC4
Hnetoe HDER —| E1 Line Code : HDB3
Signaling-type & ISDM-PRI +
\ E1 Signaling : ISDN-PRI, R2-MFC, R2-DTMF
Praotocol-emulate & ) Network @ User (Defau]t o |SDN_PR|)
wirtual-Connect ) Enable @ Disable
) E1 PRI Setup
Immediate-cisc & - Enable © Disable - Protocol-emulate : Be sure to setup in
. - P pair with other device (Network / User)
Dial-Tone-Generate & ) Enable @ Disable V_ t | t
ISDN-PRI — - VIrtua Tconngc
Compand-Type & @ a-law ) u-law - Immediate-disc
- Dial-Tone-Generate
303 2 (1~10sec) - Compand-Type
- Q931 Timer
Q931 Timer T303 4 (1~400sec)
T30 10 (5~400sec) E1 R2 Setup
. o ) ) _— | Get-Calling-Number : Calling number
- = i - L) ] @ Di -
Get-Calling-number ' Enable @ Disable enable / dlsable
Busyout'& Action ) PortDown @ MNone

AddPac
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Setup for port down when the E1 port
error occurs
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3. EL/T1 Port - E1/T1 Trunk -3 (T1)

Group Setup for T1 Channel.
Be sure to setup before using T1.

AddPac
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T1 Port (Siot 0/0) & Slot/Port group Mum (0~9) Time slot Range(1-24,16-24,1.2,3) Control /
s b Clock Setup : Master / Slave
) R / Be sure to setup in pair with other device
Clock-Source & | Master
Framing e | T1 Framing : SF / ESF
TN Coie o o — | T1Line Code : AMI / B8ZS
Signaling-type & | ISDN-PRI - |
T1 Signaling : ISDN-PRI, R2-MFC, R2-DTMF
Protocal-emulate & & Network O user (Default : |SDN—PR|)
Virtual-Connect ) Enable (& Disable
) _ ) T1 PRI Setup
Immediate-disc OEnavle © Disable - Protocol-emulate : Be sure to setup in
Dial-Tone-Generate & ) Enable (® Disable palr_WIth Other deVIce (Network / User)
——__ | - Virtual-connect
Compand-Type & & a-law © u-law - Immediate-disc
- Dial-Tone-Generate
M303 2 ] a~10seq) - Compand-Type
: - - Q931 Timer
Qo931 Timer T303 [ | (1~400se0)
T310 [10 | (5~ap0sec) T1 R2 Setup
—i ) o = - _— | Get-Calling-Number : Calling number
Get-Calling-number? Enable =) Disabile enable / disable
Busyout & Action O PortDown & None

Setup for port down when the T1 port
error occurs

17




3. E1/T1 Port - E1/T1 Extension

= Protocol E1/T1 Extension Configuration
= Server SIP

* Sernver H.323

* S|P Registration

* H.323 Registration
= E1/T1 Trunk

* FX3 Extension

* FX0O Extension

* OTMFRICODEC

= VolP Dial Plan

* FXO DialPlan |F'IZI:EI v| |EI v| | | L & from O last I:I
= Static Route
* HotLine

Pots Mum Port Group Mumbers HuntStop Forward Digits(0~99)

2536 /0 0 AL X

@ E1/T1 Extension : Configuration for incoming call with E1/T1
- Port : It means E1/T1 slot and port
- Group : It means group number which was setup in E1/T1 Trunk.
- Numbers : Setup the incoming number of E1.
- Hunt Stop : It is a function of forward a call to other party in case of unavailable receiving call.
Activation of this function is recommended
- Forward Digits : Specify the digits for E1/T1 PABX.
from : Send the number to E1/T1 PABX from the number you specified in front.
last : Send the number to E1/T1 PABX from the number you specified at the back.

Addec www.addpac.com
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O

Delete

Apply

18



4. Hot Line

©
= Protocol Pt Conllomin
* Senver SIP Fon Hot Line Number 4 i Input Timacist <0-40 zecs 8
= Server H323 SOPOIS) [
* S|P Registration S0F 3] o
* H.323 Registration EE [
= E1/T1 Trunk 0PyS) [
* FX5 Extension S0P4(0)
* FX0O Extension &0P50)
* E1/T1 Extension R
* DTMFICODEC 5T}
= VolP Dial Plan SRS} LS -
= FX0 DialPlan e T
= Static Route sk (&
S1PaS) 0
BIPKE) 0 =
SIPHE) [
SIFT(S) 0.
o Apply

@ Hot Line Configuration : Connect incoming and outgoing call directly
- Port : It means FXS and FXO port
- Hot Line Number : Forward call to entered number
It connects to the number of FXO port in case of receiving call (Direct Incoming call)
- Digit Input Timeout : Time to make call to the Hot Line Number when user doesn’t any action after off-hook
FXS port is used only.
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~N O OO0 B~ WO DN B

Server SIP

SIP Registration
Server H.323
H.323 Registration
DTMF/CODEC

\/AID Nial DIan
VUIT il riail

. Static Route
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| Protocol

|- Protocaol |
* Server SIP T @ SIP{Session Initiation Protocol)
= Server H.323 ) H.323(TU H.323 Protocol)

* SIF Registration
* H.323 Registration
* E1/T1 Trunk

* FXS Extension
* FXO Extension
* E1/T1 Extension
= DTMFICODEC
= YolP Dial Plan

* FX0 DialPlan

* Sfatic Route

* HotLine

" Apply

Choose VolP protocol that you wish to use. (Default : SIP)
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1. Server SIP —1@
' SIP (Session Initiation Protocol)

Protocal Use SIP Server & @ ves @ Mo
Server SIP

» Sapver H.223 Primary SIP Server & 5060 Server address and Port (default S060)
*= SIF Registration Secondary SIP Server & 5060 Server address and Port (default 5060}
* H 323 Registration )
« E4/T1 Trunk Local Domain Hame &/ (SIP uzerpart of authentication}
* FX5 Extension SIP Signaling Port'& 5060 (default 5060, between 1 to 65535)
* FX0 Extension
= E1/T1 Extension Register Expiration 50 (in seconds, default 60, between 10 to 86400}
= DTMF/CODEC session Re-Fresh'& ® INVITE D UPDATE
= YolP Dial Plan )
« FXO DialPlan Session Expire Time'& 1800 (in seconds, default 1800, between 30 to 85400, 0 = disable)
= Static Route 1800 (in seconds, default 1800, between 30 to 86400)
* HotLine
@ SIP Server

-Use SIP Server : Select using SIP Server. Please click “Yes” to use SIP server
-Primary SIP server : Enter IP address of Primary SIP server
-Secondary SIP Server : Enter IP address of Secondary SIP server.
The secondary server is activated when Primary SIP Server is not available
-Local Domain name : Enter local domain when it is required on server authentication
-Default setting is recommended for other field

Addec www.addpac.com
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2. SIP Registration -1

1

RO E1/T1 Registration Configuration

= Server SIP

= Server H.323 Pots Nurm Port  Group E.164 Number User Name Password HuntStop  Reg
[ SIP Registration | / 1000  SOPD O | | | | | O O
* H.323 Registration @

= E4/T1 Trunk E1/T1 Phone Number Option

s Fots Mum Fort Group PBX Line Internal Mum Virtual Calling Num

* FXO Extension

« E/T1 Extension 1000 soPo ° o = ]

* DTMF/CODEC

= ValP Dial Plan * E1 Registration - Assigned Pots Tag Mumber : 1000 - 1201

« FXO DialPlan

= Static Route

» HotLine @ SIP Registration Configuration
- Group : It means group number which was setup in E1 Trunk. You may choose it when you create several
Group.

-E.164 Number : Enter SIP authentication number

-User Name : Enter authentication ID

-Password : Enter authentication Password .

-Reg : Checking this field is required to get authentication from SIP Server

-Hunt Stop : Forward call to other party when port is unavailable. It is recommended to use it.
@ E1/T1 Phone Number Option

-PBX Line : use number that is used in E1 PABX.

-Internal Num : use when using virtual calling number.

-Virtual Calling Num : enter virtual calling number.
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3. Server H.323 -1

@i H.323 (ITU H.323 Protocol)

* Protocol
* Server 3IP Use H.323 Server & ) Yes @ No

=|Server H.323

« SIP Registration Primary Gatekeeper & 1715 Server address and Port (defautt 1719)
* H 323 Registration
Secondary Gatekeeper'™® 1719 Server address and Port (default 1718)
= E1T1 Trunk
* FX3 Extension H.323 D@ voip.172.17.108.3 (H.323 identifier string)
* FX0 Extension
= BE1T1 BExtension H.323 Signaling Port @ 1720 {default 1720, between 1 to 65535)
* DTMF/CODEC
= YolP Dial Plan H.323 Call start mode & @ Fast ) Slow
= FXO DialPlan
= Static Route H.323 Tunnel mode & @ Enable ) Disable
* HotLine

@ Server H.323
-Use H.323 Server : Select using H.323. Please click “Yes” to use H.323 server
-Primary Gatekeeper server : Enter IP address of Primary Gatekeeper server
-Secondary Gatekeeper Server : Enter IP address of Secondary Gatekeeper server.
The secondary server is activated when Primary Gatekeeper Server is not available
-H.323 ID : Please input Authentication ID to register Gatekeeper
-Default setting is recommended for other field
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3. H.323 Registration -1
| E1/T1 Registration

* Protocol
E1/T1 Registration Configuration

* Server SIP
* Server H.323 Pots Mum Port Group Number HuntStop Reg
* SIF Registration T SOED 7 l:l 0O O
*|H.323 Reqgistration @
* E1T1 Trunk E1/T1 Phone Number Option
* FXS Extension
« FX0O Extension Pots Mum Port Group FPBX Line Internal Mum Virtual Calling Mum
= E1/T1 Extension 1000 S0PD 0 (&) O |:|
* DTMF/CODEC
= YolP Dial Plan . )

* E1/T1 Registration - Assigned Pots Tag Mumber : 1000 - 1201
* FX0 DialPlan
» Static Route
* HotLine

@ H.323 Registration Configuration

-Number : Enter H.323 authentication number

-Hunt Stop : Forward call to other party when port is unavailable. It is recommended to use it.
-Reg : Checking this field is required to get authentication from Gatekeeper.

@ E1/T1 Phone Number Option

-PBX Line : use the number for E1 PABX.

-Internal Num : use it for virtual calling number.

-Virtual Calling Num : enter virtual calling number.
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4. DTMF/CODEC

* Protocol

* Server SIP

* Server H.323

* SIF Registration
* H. 323 Reqgistration
* E1T1 Trunk

* FXS Extension
* FXO Extension
* E1/T1 Extension
{Brurconec |
= YolP Dial Plan
* FX0 DialPlan

* Sfatic Route

* HotLine

AddPac

| DTMF/CODEC

Preferance 1| Mone

Preference 2 | None

Preferance 3 | Mone

Voice CODEC &

Freferance 4 | None

Freference 5 | None

2== ===

Preference 6| Nane

@ C DTMF relay by In-hand voice

ODTMF relay by RTP payload defined by RFC 2833
CDTHF relay by Out-of-band signal

O DTMF relay by Cisco out-o--band signal

DTMF Relay mode &

@ Video Codec : Select voice codec to be used.

@ DTMF Relay mode : Select DTMF relay mode.
(Default : Out-of-band Signal)

* Please press the apply button to save

www.addpac.com

a7 11alaw : G711 a-law Codec Type(64 kbps)
a7 1ulaw : G711 u-law Codec Type(64 kbps)
Q723153 . G723.1 Codec Type(5.3 kbps)
Q723163 . G7¥23.1 Codec Type(6.3 kbps)
q726r16 ;. G726 ADPCM Type(16 kbps)

g7 26r32 . G726 ADPCM Type(32 kbps)

Q729 G729 Codec Type(s kbps)

iNone
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6. VoIP Dial Plan -1
[ VolIP Dial Plan / Prefix

* Protocol @
* Server 3IP

* Server H.323 Rule Num'& Digits to Insert& Digits to delete & Digit Pattern & Control €
* SIF Registration Delete

* H.323 Registration R —— =
* E1/T1 Trunk

* FXS Extension

* FXO Extension

Add

* E1/T1 Extensian Voip Num' & Prefix @ Called Num Plan'@ Calling Num Plan Control &
* DTMF/ICODEC Delete
= VolP Dial Plan NA v NA v Apply
= FX0 DialPlan

. .
Stﬂtlﬁ RU UtE *VolP Dial Plan - Assigned Translation-Rule Tag Mumber: 0-199
- Hﬂt Line *VolP Dial Plan - Assigned VolP Tag Number : 10000 - 10099

@ Plan Table
- Digits to Insert : Number you want to enter
- Number of Digit to Delete : Number of digit to delete
- Digit Pattern : Number to apply for conversion

@ Prefix Table

- Prefix : Number to make VolP call
- Plan Index : Make the same number with Plan table
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6. VoIP Dial Plan -2 (Ex)

Protocal

Server SIP
Server H.323
3IP Reagistration
H.323 Registration
E1T1 Trunk
FXS Extension
FX0O Extension
E1T1 Extension
DTMFRICODEC
YWolP Dial Plan
FX0 DialPlan
Static Route
Hot Line

AddPac

[ VolP Dial Plan / Prefix

Plan Table &

: Rule Num'&' : Digits to Insert@ Digits to delete @ Digit Pattern & Control @
n . :
= . Delete
. 2|
. . — ——
"peEEEEEEnm Add
Prefix Table &
H L]
Voip Num'€ Pr = Called Num Plan'® Calling Num Plan . Control @
. .
n = Delete
] L]
0 M
0 M
& NA + NA - . Apply
u .
- .
n u

*VolP Dial Plan - Assigned Translation-Rule Tag Mumber: 0-199
*VolP Dial Plan - Assigned VolP Tag Number : 10000 - 10099

www.addpac.com

It must be the same with Plan
Index Number
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7. Static Route -1

-
|[SaicRous]

* Protocol
* Server 3IP
= Server H.323

@

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

* SIP Registration Pots Num Remote Site IP€) Signaling Port®  Prefix®  Digits to Insert@Digits to Delete @ Name of Remote Site @ Answer Addr  Gontrol
* H. 323 Reqgistration

= E1T1 Trunk
* FX3S Extension

* FXO Extension * Static Route - Assigned Voip Tag Number - 10100 - 10199
E1/T1 Extension * Static Route - Assigned Translation-Rule Tag Number : 10100 - 10199

DTMRICODEC
YWolP Dial Flan

FXO DialPlan @ Static Route : : User can forward call to other party after enter IP address of them.

«[Static Route It can be done without SIP Server or other system
* HotLine

* Apply

-Remote Site IP : Enter IP address of other party device
-Prefix : Enter number of other party

-Insert Digit : Enter number of digit to add

-Delete Digit : Enter number of digit to delete

-Name of Remote Site : Enter name of other party’
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Additional Service

AddPac

1.
2.
3
4.
5
6.
7
8.
9

NAT Static Table
NTP

. System Time

File Browser

. Gain & CID

FAX

. Service

Filtering

. Security

www.addpac.com
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1. NAT Static Table

®

* Language

= WaAN Setup
= AN Setup

* NTP

= System Time
* File Browser

| NAT Static Table

IP Protocol

tcp -

Global Port

Local Address

Local Port

Selection

Add

(@O NAT Static Table

Use when port forwarding is necessa

AddPac

ry for special iP address.
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2. NTP

* Language

= WaAN Setup
= AN Setup

* NAT

= System Time
* File Browser

@ NTP : Input information of NTP Server
- Click the apply button for NTP activation

NTP

NTP

« Apply

) Enable @ Disable

Primary Server

Secondary Server

Interval

Timezone

- Primary Server : Input IP or domain name of NTP Server

- Interval : Interval to request and receive data from NTP server

* Please click the apply button after set up

AddPac

(Demain Mame or IP Address)

(Demain Mame or IP Address)

(1~72 hours)

Name Offzet : (-23~23 hours) : (0~60 minute)

www.addpac.com
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3. System Time

) [System Time

* Language

= WaAN Setup
= AN Setup
* NAT

« NTP Set System Time  year  [1 ®|montn [1 pay [1 %|Hour [1 ¥|min [1 ¥ sec

Current Time Sat Sep 11 01:47:59 2010

= File Browser

| « Apply

@ You may setup the device local time.

Addh‘ www.addpac.com



4. File Browser

®

* Language

= WaAN Setup
= AN Setup

* NAT

* NTP

= System Time

File Browser

@ File Browser

! File Browser

Index of Root/flash/

L.

| QAW

Name

tmp/

apos.cfg

booter.cfg

booter cfg~

gs3000_g2_v8_41_03T.bin

Browse... Upload

- You may view firmware and configuration file in Gateway.

@ Firmware Upload

- Use when uploading Gateway firmware.
- Process upload by finding PC related firmware.
- Uploaded firmware will be applied after rebooting.

AddPac

www.addpac.com

Size

6.1K

0.3K

0.2K

33M

Type

Directory

CFG

CFG

BIN

Last Modified

1970-Jan-01 00:00:07

2010-Jul-24 14:01:40

2010-Jul-20 22:49:24

2010-Jul-20 22:49:24

2010-Jul-24 12:30:28
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5. Gain & CID 15
12
. -11

= 3SM PINs 1 -0
* GS5M USSD hho Port Type inputchin dutputcain Caller ID 3
PO:0 GSM |n—v m - =
" . PO:1 GSM m m r i
* Service s e — — i .
* Filtering . - — m . 2
= Security A
= WEB Callback
= G5M Callback P

@ Gain & CID : Adjustment output voice level of each port(FXS /7 FXO)
(You may reduce the level when echo and noise occurred)
In addition, call number can be detected by Caller-ID
- Input Gain : Please adjust input gain when sending call is too loud or too low
- Output Gain : Please adjust output gain when receiving call is too loud or too low
- Caller-ID : It is a function to display number of callers

1
2
3
4
5
G
7
g
g

* Please click the apply button after set up
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6. FAX
® ]

* Gain & CID
= GSM PINs Fax Mode'® & T38 O nband T.38 © Bypass
= G5M USSD _
Fax Rate' @ " Disable 2400 4800 7200 & 9600 ¢ 12000 ¢ 14400

* Service

* Filtering
* Security
* WEB Callback
= GSM Callback

(D Fax : Setting the property of FAX mode
- Fax Mode :
- T.38 : FAX signal is being sent by T.38 packet with new session opening. In case of using T.38, FAX Rate is
needed to be set
- Bypass : FAX signal is being sent by RTP. FAX Rate setting is not required
- Fax Rate : Setting FAX transmit rate. Default is 9600bps and the range is from 2400bps to 14400bps

* Please click the apply button after set up

Addpa‘ www.addpac.com
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7. Service -1

Advanced &

* Gain & CID

* GSM PINs

* GSM USSD
= Fax

* Filtering

* Security

* WEB Callback
= GSM Callback

AddPac

Service

Applicaton Services'®'

Timer &

Call Service' @'

SIP Transfer &
Skype Server

Hunt

Change Password

Enable Telnet

Enable HTTP

Enable FTP

Enable Syslog

Inter Digit Time

Transfer

Hold

Mode

Use

Algorism

ID - root

Server Port 23 (default 23, 1-65535)

Server Port 80 (default 80, 1-65535)

Cantrol Port 21 (default 21, 1-65535)

Data Port 20 (default20, 1-65535)

Primary Server  172.17.110.222 Port 514  (default514)
Secondary Server 172.17.110 215 Porit 5151 (default514)
Log Level T7-debug -

Log Command enable -

5 sec(default 3, 1-600)

@ Hook-Flash ) Mot-assigned
@ Hook-Flash ) Mot-assigned
) blind @ Attended

@ Enable ' Disable

(0) longest - preference - random -

New Password asseee

Confirm Password eesese

Please refer to next page about description of function.

www.addpac.com
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7. Service -2

Applicaton Services @

Enable Telnet

Enable HTTP

Enable FTP

Enable Syslog

Server Port 23 (default 23, 1-55535)
Server Port 80 (default 80, 1-65535)
Contral Port 21 (default21, 1-55525)
Data Port 20 (default 20, 1-65535)

Primary Server W
Secondary Server m
Log Level T-debug v
Log Command  enable v

Pot 514 (default 514)

Fort 5151 (default 514)

Application Service Use
: Telnet / HTTP / FTP / Syslog

Confirm Password esesss

Timer @ Inter Digit Time 5  sec(default3, 1-600) PDD Time (default : 3 sec)

Transfer @ Hook-Flash O Mot-assigned call Hold / Transfer Use
Call Service & ) ) : Enable / Disable

Hold @ Hook-Flash ) MNot-assigned
SIP Transfer @ Mode © blind @ Attended SIP Call transfer mode : Blind / Attended
Skype Server Use @ Enable © Disable Skype SIP Sever Use : enable / disable
Hunt Algorism (0) longest - preference - random - call Routing Algorism

Mew Password LELL LD

Change Password ID: root Password change regard of WEB / Telnet

access

AddPac
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8. Filtering

@l Filtere
* Gain & CID el
- GSM PIN-S Metwork Addr MNetwark Mask Control
* GSM USSD | A
* Fax HTTP Filter
" SEWIEE MNetwork Addr Metwork Mask Contral
172.17.109.109 255.255.0.0 Delete
* Security — — =
» WEB Callback
« GSM Callback ekoed Pl
Netwark Addr Metwark Mask Control
| 1 Add

@ Filter : Setting IP address authorized by administrator for connection

- FTP Filter : The only device with the IP address authorized by administrator can access FTP connection

- HTTP Filter : The only device with the IP address authorized by administrator can access WEB connection

- Telnet Filter : The only device with the IP address authorized by administrator can access Telnet connection

* Please click the apply button after set up

AddPac www.addpac.com 39



9. Security

@ =
Advanced &

* Gain & CID
= 32N PlNs
= GEM USSD
= Fax

* Service
* Filtering

= WEB Callback
* G3M Callback

IP Filtering &
Allowed IP Address List

WarDialing Filtering &/
Allow Digit Length{IP to PSTN) &
H323 Shutdown &

SIP Shutdown &

o

@ Enable © Disable

Apply

Delete

(©) Enable @ Disable
Min Max

() Enable @ Disable

() Enable @ Disable

(D Security : Set security to block unauthorized call

- IP Filtering : The only call made from the device with IP address listed on Gateway is available to make call

-Allowed IP address list : Allow VolP call for added IP address.

- War Dialing Filtering : The only receiving call listed on dial plan is available to make call
- Allow digit Length(IP to PSTN) : The only receiving call within range of set number is available to make call
- SIP Shutdown : Set using SIP Signaling. It must be enabled with SIP communication

* Please click the apply button after set up

AddPac
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Monitoring

777777777777 ~J

AddPac

o~ W DN P

. Call Status

System Status

. Call Log / System Log
. Test Call

Ping

www.addpac.com
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1. Call Status

Port# EhlnnHGmu.lp Condrol
Channel lJ"H'-‘ﬂiMUHJH u?w-ns-m 11121314 151ﬁ1713 TE‘H?"?—EI&?‘H-H ?7333‘530 31 Unblock

SLOT 40
Status r|1 r|1 |‘|i__l_|_|l_i|‘| 1|1nlr|m|| r|1||'1:|1 1[| || [r Block
. Channel mnuainmnnm'nrméwm 1 1’1213 14{15 18 17)18. 1820 21 22/ 33 34 2A.96(37 28 27930, 31 Unblock
Miscellaneous SLOT 401 o e 2 0 O 5 B
nd) Saws EEEEEEEEEESEESEESEEEESEEEEEEEEE oo
Port & Call Status
* System Status
* CallLog Call Status : The status of Gateway port
* System Log — and call can be monitored in real-time
* TestCall Analog
* Ping SLOT Port Group . .
Port O(FXS) A(FXS) 2(FXS) 3(FXS) 4(FX0) 5(FX0) 5(FXD) T(FXO}
sLOT 0 Staus | € 1 { | | 1 1 1
Select O E E O Ll ¥ Ll [
Connection Siate (Conneghed) iDisconnecied || Blocked)
Call Siate {idie} {Ring | Dial) {Calied) L (Calng) (Blocked)
Call State
Port M | Dwection W EstabishedTane % | calngMumber % | caledbumber W | copec™ | sremest W
o GSM In 0723 172837 B21021140183 500 gritu No&
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2. System Status

Miscellane - I System Statuse

* Paort & Call Status Voice Port

L S].-'stem Status Port LineType Status InGzin QutGain  TieType TieDigits CallWum Tealled Tealling
o/ 0 csM Idle [ [ none -1 -1 -1
Ll Cﬂ” LUg o/ 1 ©5M Idle ] [ none -1 -1 -1
o/ z GSM Idle [ [ none -1 -1 -1
. o/ 3 =N Idle o o none -1 -1 -1
SFStem Lﬂg 1/ 0 GSM Idle [ [ none -1 -1 -1
11 =N Idle o o none -1 -1 -1
* Test Call 1/ 0z GsM Idle o o none -1 -1 -1
1/ 3 csM Idle [ [ none -1 -1 -1
L] P|r|g 2/ 0 5M Idle ] ] none -1 -1 -1
2/ 1 csM Idle [ [ none -1 -1 -1
2/ 2 5% Idle o o none -1 -1 -1
2/ 3 csM Idle [ [ none -1 -1 -1
3/ 0 =50 Idle o o none -1 -1 -1
3/ 1 GSM Idle [ [ none -1 -1 -1
£V =N Idle o o none -1 -1 -1
3/ 3 GSM Idle [ [ none -1 -1 -1
4/ 0: 0 EL Link Up o o none -1 -1 -1
4/ 1: 0 EL Link Down [ [ none -1 -1 -1
] csM Idle [ [ none -1 -1 -1
s/ 1 5% Idle o o none -1 -1 -1
s/ 2 csM Idle [ [ none -1 -1 -1
s/ 3 5% Idle o o none -1 -1 -1
& 0 csM Idle [ [ none -1 -1 -1
&/ 1 5% Idle o o none -1 -1 -1
&/ 2 GSM Idle [ [ none -1 -1 -1
&/ 3 =N Idle o o none -1 -1 -1
70 GSM Idle [ [ none -1 -1 -1
71 =N Idle o o none -1 -1 -1
oz GSM Idle [ [ none -1 -1 -1
73 =N Idle o o none -1 -1 -1
8/ 0 5% Idle o o none -1 -1 -1
8/ 1 GSM Idle [ [ none -1 -1 -1
8/ 2 csM Idle o o none -1 -1 -1
8/ 3 5% Idle o o none -1 -1 -1

System Status : The system status of AP-GS1002 can be monitored
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Monitoring

777777777777 ~J

3. Call Log / System Log

. | call Lo
Miscellaneous (-] ) 9

Call¥um EventTime Descript  CallingPartyNum CalledPartyNum RemoteInfo SetupTime Dur Reazon

. P‘Urt & Ca” Status < 2> Apr 21 13:10:58 local 1000 2000 B 0 Local:Management
< 1> Bpr 21 13:10:52 incomming 500 2000 : 0 Local:Management
* System Status

t Call Log | Call Log : Monitoring all of call history

t SystemLlog | 5 Call history will be clear with rebooting
* TestCall

* Ping

I System Loge

commznd logging buffers (messages logged)

eeeee logging buffers (messages logged)

System Log : Monitoring Gateway System log
Default setting is off. System log can be monitored by telnet connection
and entering CLI command is required
(Please contact to AddPac technical support team for more detail)
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4. Test Call

Miscellaneous (-]

* Port & Call Status
* System Status

* Call Log

* System Log

[+ TestCall |

* Ping

AddPac

Analog

I TestCall
Port B-Ch (1-31) Test Phone Mumber Digits Command
S0PO 0 Start Voice Digit End
[ Testcall
Fort B-Ch (1-24) Test Phone Number Digits Command

S0FD Stat | Vaice | Digit | End |

S0P Start Voice Digit End |

S0P3 Stat | Voice | Digit | End |

| | |
| | |
s0P2 - [ | [
| | |
| | |

|
|
| Stat | Voice | Digt | End
|
|

S1P0 Start | Voice Digit | End

Test Call : remote diagnose the proper operation of VolP call.

: Enter the test phone number in relevant port then click start button.

- Test Phone Number : enter receiving number for test processing.
- Digits : enter the desire digit once the call is connected.
- Command

- Start : start test call.

- Voice : sample voice play under connection status.

- Digit : play the entered digit underconnection status.

- End : end test call.

www.addpac.com
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5. Ping

Miscellaneous (-]

Port & Call Status
System Status
Call Log

System Log

Test Call

Ping | /

AddPac

I Pinge

Host address 1724711

PING 172.17.1.1 (172.17.1.1): 56 data bytes

54 bytes from 172.17.1.1; icmp_seg=1 #l=255 time=0 ms.
54 bytes from 172.17.1.1; icmp_seg=2 #l=255 time=0 ms.
64 bytes from 172.17.1.1: icmp_seq=3 =255 time=0 ms
54 bytes from 172.17.1.1; icmp_seg=4 tI=255 time=0 ms

—172.17.1.1 ping statistics —
5 packets transmitted, 4 packets received, 20% packet loss’
round-trip min/avg/max = 0/0/0 ms.

Ping : Network status can be checked by pinging
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Thank you
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