&%
® o @
® L J
® o
s e®

" GATEWAY

000
o 000

OR SERIES USER MANUAL




THE SPECIFICATIONS AND INFORMATION REGARDING THE PRODUCTS IN THIS MANUAL ARE
SUBJECT TO CHANGE WITHOUT NOTICE. ALL STATEMENTS, INFORMATION, AND
RECOMMENDATIONS IN THIS MANUAL ARE BELIEVED TO BE ACCURATE BUT ARE PRESENTED
WITHOUT WARRANTY OF ANY KIND, EXPRESSED OR IMPLIED. USERS MUST TAKE FULL
RESPONSIBILITIES FOR THEIR APPLICATION OF THE PRODUCTS.

THE SOFTWARE LICENSE AND LIMITED WARRANTY FOR THE ACCOMPANYING PRODUCT ARE SET
FORTH IN THE INFORMATION PACKET THAT IS SHIPPED WITH THE PRODUCT AND ARE
INCORPORATED HEREIN BY THIS REFERENCE.

NOTWITHSTANDING ANY OTHER WARRANTY HEREIN, ALL DOCUMENT FILES AND SOFTWARE OF
THESE SUPPLIERS ARE PROVIDED “AS I1S” WITH ALL FAULTS. PRODUCT AND THE ABOVE-NAMED
SUPPLIERS DISCLAIM ALL WARRANTIES, EXPRESSED OR IMPLIED, INCLUDING, WITHOUT
LIMITATION, THOSE OF MERCHANTABILITY, FITNESS FOR A PARTICULAR PURPOSE AND
NONINFRINGEMENT OR ARISING FROM A COURSE OF DEALING, USAGE, OR TRADE PRACTICE.

IN NO EVENT SHALL THE PRODUCT OR ITS SUPPLIERS BE LIABLE FOR ANY INDIRECT, SPECIAL,
CONSEQUENTIAL, OR INCIDENTAL DAMAGES, INCLUDING, WITHOUT LIMITATION, LOST PROFITS
OR LOSS OR DAMAGE TO DATA ARISING FROM THE USE OR INABILITY TO USE THIS MANUAL, EVEN
IF THE PRODUCT OR ITS SUPPLIERS HAVE BEEN ADVISED OF THE POSSIBILITY OF SUCH
DAMAGES.

Operation Manual V1.1

COPYRIGHT ©2007 All rights reserved.



Contents

I 1 1 e Yo [T 2 oY o T 1
PrOQUCT OVEIVIEW ...ttt et e e e e e e e e e e e e e e e e e e e s e e e s sae e aa s aantaasetaaeaeaaaaaeeeeeeeaeesaaaaaaan 1
Hardware Connections and DESCIPLON ........oii it e et e e e e e e e e e e eneeeeeneeeean 2

OR SERIES ...ttt et e r e e e st e e et e e e e ste e e e steeeeasteeeeaseeee s nteeeanteeeannseesseeeenanneeenn 2

2. Installation and Applications..........o s 5
OR SERIES Assigned with @ PUDIIC IP ADArESS ........cccuiiiiieeee ittt 5
OR SERIES iN @ NAT NEIWOIK ...ttt ettt et e s e e ennes 6
OR SERIES assigned with a Public IP Address and serving as a Bridge ..........cccccvviiieiiiieii e 7

3. Setting the OR SERIES through IVR..........co e 8
IVR (INteractive VOICE RESPONSE) .....ceiiiiiiiiiiiiee ettt e e e e e e e et e e e e e s ea b e eeaeeesaastseessenanraeeeaeaan 8

IP Configuration Settings—Setting IP Configuration of WAN Port...........cccccoiiiiiiiniiiniceieeen 11
RECOIAEA VOICE FilE ...ttt e e e e e e e s e bt e e e e e b be e e e e e e e annnneas 12
PPPOE Character Conversion TabIE .........couuii ittt 13

4. Setting a OR SERIES with WEB Browser ..........ccccccceiimimeeiiirecesssereeensnnens 14

Basic NEtWOIK SEHINGS ....oueieiiie et b e e bbb 15
L2 SR 15
01| SO R 20
PRONE BOOK.....tiiie ettt n e e naee s 26

BaASIC VOICE SEIVICES .....eeiiie ittt ettt e e e e et e e e e e e s e eeeee e e s snteeeeee e e nnsaeeeeeansnneeeaeeeannnnees 28
L0 1111 o | SRR 28
[0 B X T 30
CalliNG FEALUMES ...ttt bbbt e b e e bbb e 34
Calling Features - Advanced Setting...........cooiiiiiiiiiii i e e nree e 36
ST I NN I 7] 1o ) S 37
L0 0 T=T 01T o103V N o F 37

F e AVZ= T a Lot Yo I N oY AT o4 QR T= u ] o SR 38
B SRR 38
NAT TIAVEISAL......eeieeeiee ettt ettt ettt e s bttt e e b et e e e b et e e sasbe e e eabbeeanbe e e e annee s 41
90 N S 42
L0 11T | Y PRSP 43
L e I O 1= o S 43
1| AV o o= S 44
VIFUBI SEIVET ...ttt h ettt h e e e bt e e sabe e e e bt e e e ebeee e sante e e ennee 52
3] 2R 52
Lo T B 11 1= 4 T o P 53
1 11T T o R P O TP UPPUPPPPTPRI 54

AAVANCEA VOICE SEIVICES. ... . eieetiieeiieit ettt e ettt e e ettt e e eae e e e e e te e e e ameeeeeanneeaaanseeeeanneeeeaseeeeanseeeeanneean 55
LINE SEHINGS. ..ttt e s 55
(070l [T Tl 1] T USRS 62
) QS 1Y 11T 1= PP 63

(@ T ST 11 o [o T TP PP PPPPPPN 64
[T 1 1Y =T T 64
DTIME & PUISE ...t ettt ettt et e rab bt e e eab b e eabe e e e nnnee s 70
CPT/CadeNCe SEHINGS.....ci ittt bbbt e s bbb e 72
[ oY YT T IR Y= 1 1] o SRR 74
TranSit Call CONTIOL......oo et e e e e e s e e e e s e et e e e e e e e e anneeeeeeaannnneeeeens 76
Long-Distance CoNntrol TADIE ...........coouiiiiee e e e e e e e ae e e e e eanees 77
Long Distance EXCEPLioN TabIE.........c.eeiiiiiii ittt e e e e e ee e e e e eees 77

ST e= L0 3= T o N oo )£ 78

(OTU] 5 (=T gL S = (U 78



R I el = Vo 1= ST 4o =SSP 78

System INFOrMALION ........ooi e 79
g o TR 1 80
STUN INGUINY <ottt e e e s et e e e bt e e s b e e e e sabe et e e b be e e s be e s annre e e enn e 80
SYSTEIM SEHINGS ...eei ettt sb e b e e sh et e s bt e e s b e e e sbe e e sb et e abe e et e e sabeesareesaneesaneen 81
I LI PRSP ST ST OPPOPPO 81
LOGIN ACCOUNT......eeieitiee ettt ettt et e e st e et e e r et e e s et e e eanneesareeennnnee s 81
BaCKUP/RESIOIE ...ttt e e e e e e e e e e e et e e e e e e ee et raeeeeessaanreaeeennnnnees 82
YY1 (T 0 IO 0 =T = 1o 1= PSR ERP 83
SOftWAIE UPGIade ... ..coiiiiiiiiiiie it bbbt st b e s s eabe e 84
0o T 11 | QPP 84

5. TCP/IP Setting.......ccccviiiiiiiiiiiineeiirrs s 85



I/I r,_ Terminal Adapter
u._:

1. Introduction

Product Overview

The stand-alone OR SERIES carries both voice and facsimile over the IP network. It supports
SIP industry standard call control protocol to be compatible with free registration services or
VoIP service providers’ systems. As a standard user agent, it is compatible to all well-known
Soft Switches and VSP(Voice Service Provider)/ SIP proxy servers

OR SERIES can be seamlessly integrated to existing network by connecting to a phone set,
fax machine or PSTN line. With only a broadband connection such as ADSL bridge/router,
Cable Modem or leased line router, it allows you to gain access to voice and FAX services over
the IP in order to get the convenient of VoIP and reduce the cost of international and long
distance calls.

In addition, the in-built router supports comprehensive Internet gateway functions to
accommodate other PCs or IP devices to share the same broadband stream. QoS function
allows voice and data traffic to flow through where voice traffic is transmitted in the highest
priority. With TOS bit enabled, it guarantees voice packets to have first priority to pass through
a TOS enabled router.

With the support of DDNS, it makes OR SERIES reachable by its domain name where the ISP
dynamically assigns the IP address.

OR SERIES can be assigned with a fixed IP address or by DHCP, PPPoE. It adopts the G.711,
G.729A or G.723.1 voice compression format to save the network bandwidth while providing
real-time and toll quality voice. In addition, in the event that the power supply fails or Internet
connection is lost, OR SERIES can automatically divert the FXS end to the PSTN network on
the PSTN port so users can still use the conventional PSTN line to make calls. This feature is
especially useful while dialing emergency calls (i.e. 911).
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Hardware Connections and Description

The diagram shows how OR SERIES connects to other devices in your network.

OR SERIES

Front Panel
OR201LW

Power: Power LED. A steady light indicates a proper connection to a power source.

Prov./Alm.: A blinking light indicates the VolP Gateway is attempting to connect with the Provisioning
server. Once the service connects, the LED will turn off. The LED will light solid if the self-test or boot-up
fails.

Reg.: The Register LED will turn on when the VoIP Gateway is connected to a VolP service provider.
The LED will turn off if not connected to a service provider.

WAN: When a connection is established the 10 or 100 LED will light up solid. The LED will blink to
indicate activity. If the 10 or 100 LED does not light up when a cable is connected, verify the cable
connections and make sure your devices are powered on.

WLAN: A steady light indicates a wireless connection. A blinking light indicates that the VolP Gateway is
receiving/transmitting from/to the wireless network.

LAN(L1-L4): When a connection is established the 10 or 100 LED will light up solid on the appropriate
port. The LEDs will blink to indicate activity. If the 10 or 100 LED does not light up when a cable is
connected, verify the cable connections and make sure your devices are powered on.
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Phone: This LED displays the VolP status and Hook/Ringing activity on the phone port that is used to
connect your normal telephone(s). If a phone connected to a phone port is off the hook or in use, this
LED will light solid. When a phone is ringing, the indicator will blink.

Line: Light on means the line is in use (off-hook), and vice versa.
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Model Description

281LW: It includes 2FXS+1LifeLine+Wireless Network. FXS stands for Phone 1-2 which are connected to
your analog telephone, and Life Line stand for Line port which is connected to your original telephone line on
the wall jack with RJ-11 cable. Phone 1 will be relayed to Line port when the user enter the feature code (refer
to Force Calling Thru PSTN code function) before FXS dials out via PSTN line or for emergency calls in the
occasion of a power failure. With wireless function enabled, you can easily build a wireless network.

Rear Panel

RST

LANS LANT LAMZ LANY WAN

e’
=2

.,“
N Phone?  Phone1
——

Line: Connect to your original telephone line on the wall jack with RJ-11 cable.

Phone Port (1-2): Connect to your phones using standard phone cabling (RJ-11).
LAN: Connect to your Ethernet enabled computers using Ethernet cabling.

WAN: Connect to your broadband modem using an Ethernet cable.

Power Receptor: Receptor for the provided power adapter.

Ground: A conducting connection with the earth. Connect with the ground so as to make the earth a
part of an electrical circuit using metal wire.

Antenna: Connect to a wireless network.

WARNING: DO NOT (1) connect the phone ports to each other (FXS to FXS) or (2) connect any
phone port directly to a PSTN line (FXS to PSTN) or to an internal PBX line (FXS to PBX
extension). Doing so may damage your VolP Gateway.

Use Reset Button to restore factory default settings:

1. Poweron.
2. Press and hold the reset button for 5 seconds.
Release the reset button. Factory settings will be restored.
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2. Installation and Applications

The network interface is divided into 3 basic modes as described below:
OR SERIES can be assigned with a Public IP Address
OR SERIES can be built under the existing NAT

OR SERIES can be assigned with a Public IP address and serves as a Bridge device

OR SERIES Assigned with a Public IP Address

OR SERIES will have a Public IP address for Internet connection regardless of whether it is a
static IP address, DHCP (using a Cable Modem), or PPPoE (Dialup / ADSL).

OR SERIES IP Settings

Need to be set up as static IP, DHCP, or PPPoE

NAT/STUN Settings

Unnecessary (Disabled)

DDNS Settings

Unnecessary (Disabled)
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OR SERIES in a NAT network

OR SERIES uses a virtual IP address and the IP sharing function of other systems to connect
to the Internet.

Please avoid IP address 192.168.8.1-192.168.8.254 (You may
LAN IP address of IP sharing need to change the settings of IP sharing or change SIP series
Gateway LAN Port IP address)

Set as static IP address, and assign the LAN IP address of the

Otz [ SEiings IP sharing to the Default Gateway.
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OR SERIES assigned with a Public IP Address and

serving as a Bridge

OR SERIES will have a Public IP address regardless of whether it is a static IP application,
DHCP (using a Cable Modem), or PPPoE (To connect to your ADSL account), which can then
use the functions of built-in Bridge function to allow a PC to be on-line at the same time.

OR SERIES IP Settings |Need to be set up as static IP, DHCP, or PPPoE

NAT/STUN Settings Unnecessary (Disabled)

DDNS Settings Unnecessary (Disabled)

For settings at PC end PC uses the original IP address
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3. Setting the OR SERIES through IVR

VolIP transmits voice data (packet) via the Internet to achieve telecommunications. This means
that the telecommunication quality is closely related to the whole network environment. If any one
of the telecommunicating parties has insufficient bandwidth or frequent packet loss, the
telecommunication quality will be poor. Therefore, an excellent telecommunication can only be
created when OR SERIES is connected to the Internet and when network environment is stable.

Preparation

. Install the OR SERIES according to instructions. Connect the power supply, telephone set,
telephone cable, and network cable properly as described in Chapter 2.

. If a static IP is used, confirm the desired IP settings of the WAN Port (IP address, Subnet
Mask, and Default gateway). Please contact your local Internet Service Provider (ISP) if you
have any questions.

. If using dialup ADSL (PPPoE) for network connection, confirm the dialup account number
and password.

. If users wish to build OR SERIES under the NAT, OR SERIES WAN Port IP address and
LAN Port should not use the same range. This is to avoid network failures.

IVR (Interactive Voice Response)

OR SERIES provides convenient IVR functions. Users only need to pick up a handset and enter
the function code for the query and setting without using a PC.

Note: After finishing the settings, make sure the new settings are saved. This is so that the
new settings will take effect after OR SERIES is restarted.
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Instructions

* FXS Port: When you have set the password in WEB-GUI with English character. To access
OR SERIES IVR function is different. Instead of **[password]#. You should press
***[password]#. The character to number conversion can be acquired from PPPoE Character
Conversion Table.

Example:

1. The factory default code is blank. Enter **#. You are now in IVR setting mode, enter the IVR
function code. Please refer to IVR Function Table for IVR function code.

2. if the password is 1234, then enter **1234#.

3. If your password is abec123 then you access IVR by pressing ***414243010203# .

* FXO Port: To use IVR functions, dial the phone number of FXO Port using an external line.
You will hear the prompt “enter value”, and then enter a PIN number. The factory default code
is blank. Enter “**#” as above. You are now in IVR setting mode.

* Once the first setting or query has been completed, you will hear a dial tone. Then use the
same procedure to make a second query or setting. To exit IVR mode, simply hang up the
phone.

Example:

1. Enter **# . You are now in IVR setting mode.

2. Enter 101 (to query IP address) . OR SERIES responds with an IP address.

3. You can continue with more settings or queries: enter 111 (to set IP address) 2>enter
192*168*1*3 (IP number).

Save Settings

After entering IVR mode, dial 509 (Save Settings). Wait for about 3 seconds and after hearing a
confirmation tone “1”, hang up the phone. Please reboot OR SERIES to enable the new settings.

To inquire about current OR SERIES’s WAN Port IP address

After entering IVR mode, dial 101. OR SERIES will repeat the current WAN Port IP address.

If OR SERIES does not repeat the IP address, it indicates that OR SERIES is not currently
connected to the Internet. Please check if the cable connection, account number, and password
are correct.
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IVR Functions Table:
Function e
Code Description Remark
111/101 Set/Query WAN Port IP address . . . :
Use in conjunction with
112/102 Set/Query WAN Port Subnet Mask function code 114, select
1 for a Static IP function.
113/103 Set/Query WAN Port Default OR SERIES
114/104 Set/Query WAN Port IP Type
(1: Static IP, 2.DHCP, 3.PPPoE)
116/106 Set/Query Phone Book Manager Server IP address Must use 116/106,
. 117/107 in conjunction
117/107 Sgt/Query whether or not to login Phone Book Managerwi,[h each other.
(O: Disable 1:Enable)
066 Querying the connection to Phone books manager
118 Restart
121 Setting PPPoE Account Use in conjunction with
function code 114, select
122 Setting PPPoE Password 3 for a PPPoE function
311/301 Set/Query LAN Port IP address
131/132 Play/Record greeting message OR SERIES ONLY
133 Saving greeting message OR SERIES ONLY
Set/Query OR SERIES Telephone Number
215/205 :
(Representative Number)
216/206 Set/Query the extension number of Line 1.
The default of Static IP
IP: 192.168.1.2
Restoring factory default setti f 1P
109 estoring factory default setting o Mask: 255.255.255.0
Gateway: 192.168.1.254
409 Restoring factory default settings
509 Save settings
900 Set IVR and the language used on the Web GUI
(1: English, 2: Traditional Chinese, 3: Simplified Chinese)
209 Soft Upgrade

10
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IP Configuration Settings—Setting IP Configuration of WAN Port

Static IP Settings

Note: Before setting Static IP, you must have IP address (111), Subnet Mask (112) and
Default Gateway (113) provided by your local Internet Service Provider (ISP).

Function Command

Select a Static IP » After entering IVR mode, dial 114.
» After hearing “Enter value”, dial 1 (select static IP)

» After entering IVR mode, dial 111. After hearing “Enter value”,
IP address Settings enter your IP address and # (speed up dialing).
Example: If the IP address is 192.168.1.200, dial 192*168*1*200#.

* After entering IVR mode, dial 112. After hearing “Enter value”,
Subnet Mask Settings enter your subnet mask and # (speed up dialing).
Example: If the mask value is 255.255.255.0, dial 255*255*255*0#.

* After entering IVR mode, dial 113. After hearing “Enter value”,
enter your default OR SERIES’s IP address and # (speed up
dialing).

Example: If the Default Gateway is 192.168.1.1, dial 192*168*1*1#.

Default Gateway Setting

* Dial 509 to save settings.

* Dial 118 to reboot OR SERIES.

* Wait for about 40 seconds for restart, and then enter 101 to
Save Settings and Restart check if the IP address is retained. If the IP address is not
repeated, OR SERIES has not been successfully connected to
the Internet, please check if the cable connection and IP address
are correct.

Dynamic IP (DHCP) Settings

After entering IVR mode, dial 114.
You will hear “Enter value”,

Dial 2 to select DHCP.

Dial 509 to save settings.

Dial 118 to reboot OR SERIES.

Wait for about 40 seconds for restart, and then enter 101 to check if the IP address is retained. If
the IP address is not repeated, OR SERIES has not been successfully connected to the Internet,
please check if the cable connection is correct.

11
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ADSL PPPoE Settings

NOTE: Before setting PPPoE, you must have PPPoE account (121) and PPPoE password
(122) provided by your local Internet Service Provider (ISP).

Select a PPPoE

* After entering IVR mode, dial 114.
*  You will hear “Enter value”.
* Dial 3 to select PPPoE.

Set PPPoE account

* After entering IVR mode, dial 121.
* You will hear “Enter value”.
* Enter account number and # (speed up dialing).

Example: If the account is “84943122 @ hinet.net”, please enter 0804 0904 0301020271484954456072
544560#.

Please note that it is necessary to enter two digits for each character/number; for example,
enter 01 for 71 and 11 for A.

PPPoE Password Setting

* After entering IVR mode, dial 122.
* You will hear “Enter value”.
* Enter password number and # (speed up dialing).

Example: If the password is “3ttixike”, please enter “03 60 60 49 64 49 51 45#”.

Save Settings and Restart

* Dial 509 to save settings.

* Dial 118 to reboot OR SERIES.

* Wait for about 40 seconds for restart, and then enter 101 to check if the IP address is retained.
If the IP address is not repeated, OR SERIES has not been successfully connected to the
Internet, please check if the cable connection, account, or password are correct.

Reéorded Voice File

* OR SERIES allows users to record their incoming call greeting messages, when calling via
FXO.

» After entering IVR mode, dial 132. After hearing “Enter value”, record the incoming call
greeting message. To end recording, simply hang up.

* After recording, to listen to the recorded message, press 131. Press 133 to save the message.

12
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PPPoE Character Conversion Table

Number (Input Key EEE:: CEER Input Key ::::::rr TR Input Key |Symbol |(Input Key
0 00 A 11 a 41 @ 71
1 01 B 12 b 42 72
2 02 C 13 c 43 ! 73
3 03 D 14 d 44 " 74
4 04 E 15 e 45 $ 75
5 05 F 16 f 46 % 76
6 06 G 17 g 47 & 77
7 07 H 18 h 48 ' 78
8 08 I 19 i 49 ( 79
9 09 J 20 j 50 ) 80
K 21 k 51 + 81
L 22 I 52 , 82
M 23 m 53 - 83
N 24 n 54 / 84
O 25 0 55 85
P 26 p 56 : 86
Q 27 q 57 < 87
R 28 r 58 = 88
S 29 s 59 > 89
T 30 t 60 ? 90
u 31 u 61 [ 91
Vv 32 v 62 \ 92
W 33 w 63 ] 93
X 34 X 64 A 94
Y 35 y 65 _ 95
z 36 z 66 { 96
| 97
} 98

13
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4. Setting a OR SERIES with WEB Browser

OR SERIES allows users to make settings with a web browser. Activate your browser, and then
enter OR SERIES’s IP address (e.g. http : //192.168.8.254.) in the Location (for IE) or Address
field and press Enter. And you will see the WEB page as following figure. You can also dial 101 on

your phone’s keypad to inquire the current WAN Port IP address. The factory default LAN Port IP
address is 192.168.8.254.

Instructions

*  Open a web browser.

. Enter OR SERIES’s LAN Port IP address (Default is 192.168.8.254) in Address field (for IE)
and make sure your PC is correctly connected to OR SERIES and IP addresses are also in
the same network.

*  The following registration screen will appear (The factory default settings for Login ID and
Password are left blank).

¢ Change the default settings of Administrator’s Name, Password and Web Ul Login ID,
Password in Login Account.

*  After completing and confirming the settings, some of the settings will take effect immediately.
But network related settings would take effect after OR SERIES is restarted. Please go to
System Operation to save the settings before restarting OR SERIES.

|| ddress [&] ipnoz.ice s 254

Login 1D

eant

Fassword

Login |

For security concern, OR SERIES only accepts one user to login WEB Ul for configuration at a
time. Please remember to logout or restart OR SERIES before leaving.

14
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Basic Network Settings

WAN, SIP and Phone Book are basic Network settings. You have to choose one of SIP and
Phone Book for registration. It is recommended to use SIP if you're not sure which one to use.

After completing these settings, OR SERIES will be able to make VolP calls.

WAN

WAN Configuration includes the method of obtaining IP, the setting of DNS (Domain Name

Server), etc.

GSetup Hint:

1. Choose the correct access type that your ISP supports.

2. Set DNS (Domain Name Server) to Auto if you don’t know the DNS server address.

3. WAN QoS, Clone MAC and VLAN are optional.

YWAN Settings

Current WAN IP Address ‘192.168 12

DHCFP &

IP address |[192.168.1.2

Static IP €

Subnet mask | [256 2652550

Default Gateway IP ||[192.168.1.254

PPPOE Account [

PPPoE

PRPOE Passward | [====>

Confirm Pagsword | |

IP address

Subnet mask

PFTP Server

PPTR

PFTP ID

PPTP Password | [

Confirm Pagswaord ||

User Name

BigPond Cahle Passwaord | |~ =

BigPond Cable ©

Confirm Pagswaord | |

Login Server

Domain Mame Server Assignment | & agto € Manual

Domain Name Server (Frimany) IP 16259511 Domain Name SeNer(SecondarI\g

WAN QoS

™ aos Upstream Bandwidth | B4 khps 'I

ToS I DiffServ Settings

Signaling Precedence

|3 (Flash) =l

ToS IP Precedence
Voice Data Precedence

5 (CRITIC FECF) 'I

Signaling value

[28 iAsaured Forwarding Class 3 - Law Drop Precedence, AF31) |7

DiffSery (DSCF)
Voice Data Value

|46 (Expedited Forwarding, EF) j

Factory Default MAC Address

000000001111 Restare

Your MAC Address

l— Clone

Current MAC Address

—

VLAN

Enable YLAN Tagging

r

YLAN D [1 - 4094

[ | Priorm[o-r]“u—

15




Current WAR [P Address | (ig)

Itis the IP address of WAN port.

When you use DHCP or PPPoE to obtain IP address, you can check the Current WAN IP
Address field to know if OR SERIES has obtained IP address. N/Ais no IP address.

IP Configuration

There are five methods of obtaining a WAN port IP address:
DHCP, means a Dynamic IP (Cable Modem)

Static IP

PPPoE (Dialup ADSL)
PPTP.

BigPond Cable

oD~
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Using DHCP and PPPoE for obtaining an IP address may vary. If you are not familiar with the
network connection, please contact your local ISP.

DHCP @&

I[P address

[192.168.1.2

Static IP

Subnet mask

|255.255.255.0

Default Gateway [P

[192.168.1.254

PPPOE Account

PPPoE

PPPoE Passward

Canfirm Password

Item

Description

DHCP

This is the default Internet access type. It will obtain IP address

from DHCP server of ISP.

Static IP

If OR SERIES is connected to a router that request OR
SERIES to have a static IP address, fill in the proper IP
address, Subnet Mask and Default Gateway (IP address of the

router).

PPPoE

Enter PPPoE account and password and make sure they are

correct.

16
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IP Configuration (continued)

IF address

Subnet mask

FPTF Server
PPTR

PPTP ID

FPTP Passward |*'“‘*‘*‘“‘*‘*‘*

Canfirm Password |*'“‘*‘*‘“‘*‘*‘*

Lzer Mame |

BigFond Cable Password |“‘*‘**“‘*‘**
BigPond Cable ©

Confirm Password |“‘*‘**“‘*‘**

Login Server

Item Description

Enter IP address, Subnet mask, PPTP server address, PPTP
PPTP ID and Password. It only obtains an IP address from PPTP
server and does not provide VPN function.

BigPond Cable Enter user name and password. Login Server is option.

17
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S)

OR SERIES will look up the IP address from the DNS provided by ISP while it is accessing
another VolIP devices or computer with a hostname. In most cases ISP servers will assign DNS
information to OR SERIES automatically.

Note: Without correct DNS setting OR SERIES may not be able to provide services.

Domain Marme Server Assignment | & agto © Manoal

Daomain Mame Server (Primand [P |1 [F3.95.1.1 Domain Mame Server (Secondand |P |
Item Description
Domain Name Server IASuFt>o : OR SERIES uses DNS IP automatically provide by

Assignment

Manual : Use it if OR SERIES has a static IP address

Domain Name Server IP

Enter correct DNS server address

VLAN

It is optional. It works with the

Router or Switch that supports VLAN.

Note: Please do not change anything here unless requested by your ISP.

VLAN

Enahle YLAM Tagging | [

VLAM IO [1 - 4094 ] |1 Pricrity [0 - 7] IEI

Item

Description

Enable VLAN Tagging

It is to tag the packets for VLAN Router or Switch identifying.

VLAN ID

It is to assign uniquely a user-defined ID to each packet.

Priority

It is the proprietary to VLAN Router or Switch.
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WAN QoS

It is effective when OR SERIES is as a Bridge. Using QoS is able to ensure that voices have
higher priority than data flow, and it also restricts upstream data flow.

WAN QoS

[T og|  Upstream Bandwidth |54 kbps "I

ToS §DiffSery Settings

Signaling Precedence |3 (Flash) j

ToS IF Precedence

‘oice Data Precedence || 5 (CRITIC/ECP) x|

Signaling Yalue |25 fAssured Forwarding Class 3 - Low Drop Precedence, AF31) j

DiffSers (DSCP) ©

vaice Data Value || 46 (Expedited Forwarding, EF) =]

Item Description

It is to set an external bandwidth to ensure sound quality
during transmission (When this function is enabled, the voice
packet has the highest priority to ensure telecommunication
quality while less bandwidth is assigned for data transmission).

QoS

The voice packet has the highest priority to ensure
telecommunication quality, and the larger the value you set,
the higher priority you will get.

ToS (Type of Service)/
DiffServ(DSCP)

Clone MAC

Some Internet Service Providers (ISP) assigns the IP via the MAC (Media Access Control)
Address. Click the Clone button to copy the MAC address of the Ethernet Card installed in the
computer used to configure the device. It is only necessary to fill in the field if required by your
ISP.

Your MAC Address will be blank as you log in through WAN port.

Note: Please do not change anything here unless requested by your ISP.

Factory Default MAC Address |IZIIIIIZIIZIIZIIZIIZIIZI1111 Restore |
Your MAC Address | Clone |
Current MAC Address |
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SIP

In this section, you should have one or more VolP service accounts from Voice Service

Provider(VSP) and enter the related parameters of VSP.

OSetup Hint:
1. Enter the SIP telephone number.
2. Tick register and invite with ID/Account.

3. Enter user ID/Account and password.
4. Enter the VSP IP address or URL (Uniform Resource Locator) and VSP listen port
number.

oo

Accounts Settings

Enter SIP domain if the VSP address is not IP.
OutBound Proxy is optional.

I / I P_ﬂ Terminal Adapter
L]

. . [rvite wiith | User D f Confirm F¥S Group
Ein [EE P e FEEISTE IO f Account | Account FassE Passward (0 : Disahle)
F¥5 Representative I I
b er |23425926 r | | |
1 Frs | |71 aute| | - i i [1=]
z Frs | [roz r . i i [2=]
Item Description
Number Enter the SIP telephone number assigned by your VSP
Register Tick the check box to register the number before making calls.

Invite with ID / Account

Tick the check box if SIP server requests authentication.

User ID / Account
Password

Authentication information required by VSP

FXS Group

Select group-hunting priority. When there is an incoming call,
OR SERIES will automatically assign an unassigned call
according to Hunting Priority. If Line 2 does not want to be set
as an assigned line to receive any inbound calls, set it to “0”.

Note: There are two ways to register if you have one more accounts.
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® Registration by each line: If your VoIP account and password are individual, the settings
should be as below.

. . Invite with |User DS Confirm FxS Group
Lo [EE FUTES REEIEi] D fAccount| Account PEBEY Fassword ({0 : Disable)
F¥5 Representative I
Nirber |23425928 I [nekol | |
1 Frs | |701 ate|| ¥ |nekalt ] i [1=]
2 Frs | 702 ¥ M |nekaiz ] i [2 =]

® Registration by FXS Representative Number: If you have one VolP account and password,
the settings should be as below.

. . Irmvite wiith | Llser (D F Canfirm F¥S Group
Line Type Murnber Register IDfAccount| Account Password Fasswaord |(0: Disable)
F¥S Representative I
i ber |23425926 W [nekol || |
1 Frs | [701 auto|| ™ |lnekoit | i [1=]
2 Frs | [702 r ™ |lnekoiz | i [z =]
. . [rvite with | User D f Confirm
Line Type Mumber |Register D/ Account | Account Paszsword Pasewor
1 s |[701 r -] i i
. . [rvite with | User D f Canfirm
Line Type Mumber |Register D/ Account | Account Password Pasewar
1 s |[701 r o] i |
2 Fro |70z r - | i |
Item Description
Number Enter the SIP telephone number assigned by your VSP
Register It is to register this number before making calls
Invite with ID / Account Tick the check box if SIP server request authentication.

User ID / Account

Authentication information required by VSP
Password
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VSP (Voice Service Provider) Settings

Note: If you fail to make a call, please contact your VSP.

Lze DNS SRV | [T

DS SRY Auto Prefix | W

Proxy Fallback Interval [0- 10800 ) IIEIZIEI

Item Description

Use DNS SRV Tick the check box to make OR SERIES register to VSP.

The default is that OR SERIES will use
DNS SRV Auto Prefix _Sip._udp.domain.com to query IP. If you untick the check
box, OR SERIES will use domain.com to query IP.

Defines the time that OR SERIES registers to the main server

Proxy Fallback Interval if OR SERIES has registered to the secondary server.

" Enahle Suppart of SIP Proxy Server f Soft Switch

¥ Enable SIP Proxy 1

Froxy Server IP f Diomain |192.1EB.1.1 FProxy Server Port [1 - 65535 ] | |2060

Froxy Server Realm | TTL (Registration interval) [10- 7200 g] ||600

SIF Domain | Llze Domain to Register

" Enable SIP Proxy 2

AT

Froxy Server IP f Diomain |1 92 168.1.1 FProxy Server Port [1 - 65535 ] | |2060
Proxy Server Realm | TTL (Registration intervaly [10- 7200 =] | |600
SIP Domain | Use Domain to Register | [T
Item Description

Enable Support of SIP Proxy

Server / Soft Switch Tick the check box to make OR SERIES register to VSP.

SIP Proxy 1 is the main server. When SIP Proxy 1 and 2 are
enabled, OR SERIES will register to SIP Proxy 2 which is a
backup server after all lines are failed to register to SIP Proxy
1.

Enable SIP Proxy 1
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Item

Description

Proxy Server IP/Domain

Enter the SIP Server IP address or URL (Uniform Resource
Locator)

Proxy Server Port

Enter the Proxy Server listen port number (The default value is
5060).

Proxy Sever Realm

Enter the correct registered Proxy Server Realm name to avoid
registration failure. Set it by default if you are not sure.

TTL (Registration interval)

The interval that OR SERIES will report to the Proxy Server
periodically. Set it by default if you are not sure.

SIP Domain

Enter SIP Domain (URI) if required by VSP(Voice Service
Provider).

Use Domain to Register

Tick the check box to make OR SERIES register with SIP
Domain; otherwise it will register with SIP Server IP address.

Outbound Proxy

This is optional. An outbound proxy server handles SIP call signaling as a standard VSP would.
Furthermore, it receives and transmits phone conversation traffic(media) between two talking
VolP devices. This option tells OR SERIES to send and receive all SIP packets to the destined
outbound proxy server rather than the remote VoIP device. This might help VolIP calls to pass
through any NAT protected network without additional settings or techniques.

Note: Make sure your Voice Service Provider requires this feature before enable it. VSP

gives parameters.

All Call through OutBound Proxy

-

CutBound Praoxy [P f Damain

CutBound Proxy Part [1 - 655345 ] IEEIEEI

Item

Description

All Call through OutBound
Proxy

Tick the check box to make OR SERIES register to OutBound
Proxy Server / Soft Switch.

OutBound Proxy IP/Domain

Enter the OutBound Proxy IP address or URL (Uniform
Resource Locator).
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E.164

This is optional. E.164 is to replace number that you dial out into [country code]+[area code] +
[destination number]. This is done automatically by OR SERIES without changing user dialing
habit.

If your VSP accept only E.164 numbering rule in SIP invite. You will have to fill information in the
current VoIP IAD according to the dialing habit. These information are, what will user dial when he
tries to make international call? What is the country code of the VoIP IAD? What will user dial
when he wants to dial long distance call? What is the local area code? If all information are filled,
the dial out invite will be changed from [destination number] to [country code]+[area
code]+[destination number].

Note: If you fail to make a call, please contact your VSP.

International Call Prefix Digit

Country Code || (Other) =

—
—

Long Distance Call Prefix Digit

Area Code

Item Description

International Call Prefix Digit Enter the International call prefix.

Country Code Users please select the desired country code.

Long Distance Call Prefix Digit The long-distance prefix digit for making a long-distance call.

Area Code Enter the area code.

To lnvite Prowy | [
E.164 Rumhbering
Transform to Transit Qut | [T
ErLIM Header Exception [|070
Item Description
To Invite Proxy Invite Proxy to follow the E.164 rule.

The call from FXO to PSTN follows the E.164 rule. It applies to

Transform to Transit Out one-stage dialing. (Only OR SERIES has this function).

ENUM Header Exception Defines OR SERIES not to change the prefix..
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Example of To Invite Proxy:

International Call Prefix Digit: 00
Country Code: 1

Long Distance Call Prefix Digit: 0
Area Code: 567

ENUM Head Exception: 070

Phone Number Dialed |The True Phone Number

By The User Dialed By Gateway Description

Exclude International Call Prefix Digit and
23456789 1567 23456789 Long Distance Call Prefix Digit.
Add Country Code(1) and Area Code(567).

Include Long Distance Call Prefix Digit.
0 223 98765432 1223 98765432 Delete Long Distance Call Prefix Digit(0) and
add Country Code(1).

Include International Call Prefix Digit.

00 852 987654321 852 987654321 Delete International Call Prefix Digit(00).

Include ENUM Head Exception(070).

070 12345678 070 12345678 Do not change the number.

Example of Transform to Transit Out:

International Call Prefix Digit: 00
Country Code: 1
Long Distance Call Prefix Digit: 0

Area Code: 567
ENUM Head Exception: 070

Phone Number Dialed [The True Phone Number
To FXO From the Dialed By Gateway From |Description
Remote End FXO to PSTN
Include Country Code(1), Area Code(567).
156723456789 23456789 Delete Country Code and Area Code.
Include Country Code(1) and exclude Area
Code(567).
17658527413 0765 8527413 Delete Country Code(1) and add Long Distance
Call Prefix Digit(0).
Exclude Country Code.
852 987654321 00 852 987654321 Add International Call Prefix Digit(00).
070 12345678 070 12345678 Include ENUM Head Exception(070).
Do not change the number.
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Phone Book

Some peer information needs to be added to this section before OR SERIES makes peer-to-peer
calls.

Phone Book Manager: VolIP devices register to Phone Book Manager. When you make calls
from OR SERIES to the peer VoIP device, it will get the number and IP from Phone Book
Manager.

Phone Book: Some peer information is added to Phone Book. OR SERIES can set up and store
100 phone numbers into Phone Book and provide an IP address query when calling to other VolP
devices.

Using Phone Book Manager

Redister to Phone r

Book Manager YolP failure announcement | [

Gateway Barme for I
Fhone Book Manager

Phane Book Manager I

Login Passward Canfirm Password

Fhone Book Manager Fhone Book Manager Server I—
IF/Diomain |192.1EB.1.1 Listen Part[1 - 65534 1650

Item Description

Register to

Phone Book Manager Tick the check box to register to the Phone Book Manager.

If OR SERIES fails to register to the Phone Book Manager, it

VolP failure announcement will play a voice announcement when FXS is off-hook.

Gateway Name for Phone

Book Manager The alias registered with the Phone Book Manager.

Phone Book Manager Login  Enter the registered password that is the same with Phone
Password Book Manger.

Phone Book Manager IP / Enter the IP address for the Phone Book Manager. It supports
Domain URL (Uniform Resource Locator).

Phone Book Manager Listen The protocol communication port for transmitting signals
Port between the Phone Book Manager and OR SERIES.

Note: Make sure that Phone Book Manager Login Password and Phone Book Manager
Listen Port are same as that of the Phone Book Manager.
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Using Phone Book

OR SERIES can set up and store 100 phone numbers to a phone book. If there is no Phone
Books Manager exiting in private network, all OR SERIESSs in a group have to set up each
gateway’s number one by one to communicate with each other.

Note: If the VoIP peer is in a NAT network, the listen port may vary or unreachable
depend on settings of that NAT router.

Phone Boak 1-%5 B-10
# Gatewsay Mame Gatewsay Mumber [P fDamain Marme Port
11] | | |5080
2| | | |5080
3] | | |5080
4] | | 5060
5] | | |5080
Item Description

Gateway Name

Enter an easy-to-remember name to identify each VolP device
listed in the phone book. This parameter is optional.

Gateway Number

Enter the telephone number of other VoIP device.

IP/Domain Name

Enter the IP address or URL of other VoIP device.

Port

Enter the listen port of other VoIP devices.
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Basic Voice Services

OR SERIES supports some voices such as display Caller ID, call forwarding, call hold, call
transfer, call-waiting, three-way calling, Emergency No., etc.

Caller ID

In this section, it allows you to set Caller ID generation.. There are two type of FSK Caller ID.
Choose the proper type for you.

FXS Caller ID Generation | & Disahle © DTMF  © FSK

Fi#0 Caller ID Detection | W Detection Lewvel IIZI 'I

FSK Caller ID Type | * Bellcare © ETS|

FXS Caller ID Generation | & Disahle © DTMF © FSK

FEK Caller ID Type | & Bellcore 1 ETSI

Item Description

Tick the check box to display the phone number of the calling

FXS Caller ID Generation . . i
party on your phone set when there is an incoming call.

Tick the check box to detect Caller ID delivered from PSTN

FXO Caller ID Detection
port.

It is the gain volume that could be adjusted while detecting

Detection Level caller ID.

In most cases, Bellcore is preferred in North America and ETSI

FSK Caller ID Type in Europe.

Note: You have to enable “"Hot Line->Wait for Caller ID before FXO / Trunk pick up” to
ensure detect Caller ID correctly.
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Transit In Caller ID Strip / Replace

You can change the information of the calling party while making calls to Internet.

Note: Available in OR SERIES only.

Transit In Caller ID Strip / Replace
Scan code? = single digit ; "%" = wildcard) Substitude
Item Description
s Defines the rule of the Caller IDs detected by FXO. It can be a
can code .
prefix or a full number.
Defines the changed Caller ID while making calls to Internet by
Substitude FXO. It will change two places of displaying the caller id. One

is From-Header Display Name, and the other one is Remote
Party ID Display Name.
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Hot Line
Wartm Line '
- PSTR Busy-Cut Wyith
Ling |Enable | Type | 190 | HotLine ng, | (HOtLIne FXS Pick-Up el eell 1 PE el
Line Delay) o Allow PSTH In | Allow WolP In
[0=disahkle, 5- 20 5]
[0- 60 =]
1| ® | Fms | T o r r
2 | M (s | T o
3 PSTH |9

YWait for Caller ID before FEO§ Trunk pick up | W

Warm Line )
. PESTH Busy-0ut With
Line |Enable| Type | 1°0 | Hotline pg, | HotLIne FXS Pick-Up shall el P Ll
Line Delay) o Allowe PSTH In | Allow WolP In
[O=disable, 8- 20 5]
[0- 6O 5]
1| # s | T o - n
2 PSTH |E|

YWait for Caller ID before FXO§ Trunk pick up | W

Item Description

All lines are enabled by default. Untick the check box to disable
Enable o o . X
it if the line is not in use (Pause Function).

While picking up the phone, OR SERIES will automatically dial
Hot Line the assigned Hot Line number. At the moment, dialing any
number out is denied.

Hot Line No. Enter the Hot Line number for an automatic dial.

A user can dial any number within the time. After the time
Warm Line (Hot Line Delay) expires, OR SERIES will divert incoming calls from an outside
line to the Hot Line Number.

PSTN Busy-Out with FXS OR SERIES will reject a call from FXO while FXS is getting
Pick-up DTMF. If you would like to disable it, set the value as “0”.
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Item Description

As making a VolIP call, a waiting call from PSTN is allowed.
Before starting, do the following settings first:

VoIP Call Allow PSTN In 1. Tick the check box to enable VolP Call Allow PSTN In.
2. Tick the check box to enable Call Hold.
(Calling Feature — Call Hold)
3. Set PSTN Busy-Out With FXS Pick-Up as 0.

As making a PSTN call, a waiting call from VoIP is allowed.
Before starting, do the following settings first:

PSTN Call Allow VolIP In 1. Tick the check box to enable PSTN Call Allow VolP In.
2. Tick the check box to enable Call Hold and Call Waiting.
(Calling Feature — Call Hold and Call Waiting)

Wait for Caller ID before It is to detect caller ID from PSTN port.
FXO / Trunk pick up
Warm Line
Line Enahble Type Hot Line Hot Line Mo, (Hot Line Delay)
[0- 60 =]
1 v Fxg - I— IEI—
2 v Fxg - I— IEI—
Warm Line
Line Enahble Type Hot Line Hot Line Mo. (Hot Line Delay)
[0- 60 =]

1 v Fx3 r I IEI

Item Description

All lines are enabled by default. Untick the check box to disable

Enable it if the line is not in use (Pause Function).
While picking up the phone, dialing any number out is denied,
Hot Line since OR SERIES will automatically dial the assigned Hot Line
number.
Hot Line No. Enter the Hot Line number for an automatic dial.
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Item

Description

Warm Line (Hot Line Delay)

A user can dial any number within the time. After the time
expires, OR SERIES will divert incoming calls from an outside
line to the Hot Line Number.

Warm Line

Line | Enahle | Type | Hot Line | Hot Line Mo, | {Hot Line Delay) | Dial-Cut Prefix | FX0 Line Default Dial-Cut
[0- 60 =]

1 [ =T | 0

r I I R N 1 I

o | |

Item Description
All lines are enabled by default. Untick the check box to disable
Enable e T : .
it if the line is not in use (Pause Function).
While picking up the phone, dialing any number out is denied,
Hot Line since OR SERIES will automatically dial the assigned Hot Line
number if set Warm Line to O.
Hot Line No. Enter the Hot Line number for an automatic dial.

Warm Line (Hot Line Delay)

A user can dial any number within the time. After the time
expires, OR SERIES will divert incoming calls from an outside
line to the Hot Line Number.

Dial-Out Prefix

It is the number dialed automatically by FXO port before the
FXO interface diverts a VolIP call to PSTN.

FXO Line Default Dial-Out

Before starting to configure, you should set FXO Line VolP call
in option to Default Dial-Out. When FXO receives a call from
VolP, it will dial to PSTN with the default number.
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FX0 Line Y0P call in option | | Caller Indicate Dial-Out_~ |

Trunk Incoming PromptYoice | & Default Greeting ¢ Custorm Greeting ¢ Dial Tane

Custom Greeting Upload §f Backup | Browse... | |Jpload | Backup |

Enable FXO § Trunk Extension Rumhber

Pick up Line by Dialing Extension Mumber | [+

Wait for Caller ID before FXO S Trunk pick up

I
I

Transit In Busy Tane Lirnit [0 -

60 5]

Detect FX0 Line Presence

qw‘

Item

Description

FXO Hunting VolIP call in
option

Caller Indicate Dial-Out: When there is a call from WAN
interface to FXO port, it will dial to PSTN with the number
assigned in SIP packet.

Default Dial-Out: When there is a call from WAN interface to
FXO port, it will dial to PSTN with the number filled in FXO Line
Default Dial-Out field.

Trunk Incoming Prompt Voice

Select the greeting type. When FXO receives an inbound call,
the caller can hear the greeting. (If you would like to record a
voice file, you must use the IVR 132 function).

Custom Greeting Upload /
Backup

It is to upload or backup the recorded voice file. The format
must be G.723.1.

Enable FXO/Trunk Extension
Number

When FXO is connected to different PBX or PSTN, or under
special circumstances, the caller can choose one of them to
call out. It MUST be ticked while registering to a Proxy.

Pick up Line by Dialing
Extension Number

When there is a call from WAN interface and assigned FXO
extension number, FXO goes off-hook and waits for the caller
to dial the number to PSTN. It MUST be enabled while
registering to a Proxy.

Wait for Caller ID before FXO /

Trunk pick up

Detect caller ID from FXO port.

Transit in Busy Tone Limit

Define the duration of a busy tone before FXO hook-on. Notify
the caller from PSTN that this call is finished.

Detect FXO Line Presence

Tick the check box to detect the line presence that FXO port is
connected to PBX or a PSTN line. Untick the check box to
disable this function if it mis-detect line presence on FXO port
while ringing.
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Calling Features

OR SERIES provides Call Forward, Call Hold, Call Transfer and Call Waiting.
OR SERIES also provides Three-Way Calling based on Nortel Soft Switch. It also works with the
conference call supported by VSP.

] Do Mot " Call call Call | Three-Way Calling §
Line | Type Disturh Unconditional Forward | Busy Forward | Mo Answer Forward Hald | Transter [waiting Sarvice ID
F¥S r r
Representative (R (M| EMEAY {RIEY] (R 1]
Mumber I I
r r [ aferp1o - 60j|20 r
Line1 | F¥s | | | | al 20 rlor - ——
r r - g0yl 20 r
Line 2 | Fxa . | | IrAﬂerHD an]I_s - = o

Cio Mot Zall Call Call | Three-Wway Calling

Line | Type Disturb LInconditional Forward | Busy Forward | Mo Answer Fonward Hald | Transter [ waiting Service ID

r r [T after(1o- 600|120 s -

Line1 | FxS (Il I I I - - - I—

. Do Mot iy Call | call Call  |Three-vway Calling J
Line | Type Disturh Lnconditional Forward | Busy Forward | Mo Answver Forward Hold | Transter |waiting Sorvice ID
Line r r I afer10- 50J20 s r
1 (PRl r ~ ~
| | | |

i - -
"'2”'3 o | | | (M) sy | Ry | (i (IR

Item Description

Tick the check box to reject all incoming calls from WAN

Do Not Disturb interface. It allows only to make an outgoing call.

All incoming calls will be forwarded to the Forwarding Number
Unconditional Forward automatically. If the call is forwarded to FXO port, FXO is
off-hook instead of dialing out.

It is to forward the incoming call to Forwarding Number when

Busy Forward the line is busy.

It is to forward the incoming call to Forwarding Number after the

No Answer Forward . . .
time expires without answer.

Call Hold Tick the check box to enable call hold for specific FXS port.
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Item Description
Call Transfer Tick the check box to enable call transfer for specific FXS port.
Call Waiting Tick the check box to enable call-waiting for specific FXS port.

Three-Way Calling /
Service ID

It is for conference all based on Nortel Soft Switch and must
work with Proxy Server that supports Three-Way Calling
service.

Calling Feature Instructions:

)

PON=ST RON =

Call Hold: While pressing FLASH button on the phone. The call is held.

Call Transfer: Ongoing call will be put on hold after FLASH button pressed on local phone
set. Meanwhile, the local user can dial out to another number after dial tone observed. After
the handset is back on the hook, the call on hold will then be transferred to the new call
regardless of the status of the new call. If wrong number is dialed for the new call, just press
the FLASH button to get back the call on hold. In another case, if the local user does not
hang up the phone after new call sets up, press FLASH button to switch between the first
call and the new call. If a phone set is connected directly to the FXS port of OR SERIES
and not functioning to FLASH, please adjust the settings in Flash Detect Time in category
“Line Settings”.

Call Waiting: When you are on the phone and a second call comes in, you will hear
“Beep-Beep” tone to notify that there is another call. Press the FLASH button to hold the
first call and take the second call. After finishing the second call, press the FLASH button
again to take the first call.

Example of a Three-Way calling:

Alex calls Bob, Bob answers the call.

Alex presses Flash and calls Coral (Bob is on hold), Coral answers the call.
Alex dials *61 and then presses Flash.

Thus the conference call is established.

Alex calls Bob, Bob answers the call.

Coral calls Alex (Call Waiting), presses Flash and talks to Coral.
Alex dials *61 and then presses Flash.

Thus the conference call is established.
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Calling Features - Advanced Setting

OR SERIES provides advanced settings: Call Pickup and Automatic Redial.

Note: Automatic Redial is only used for the latest call (NO two calls reserved for
Automatic Redial). The duration of Automatic Redial is set to 10 minutes. If the callee is
still not available after 10 minutes, OR SERIES will not dial again.

Function Code

Description

Call Pickup: The user can use the function of call pickup to
answering others calls. When one of FXS is ringing and there
is no one to answer the call. The user can use another FXS

40# port to pick up the ringing call with this function code.
For Example: If Alice calls Bob (9901701) who does not
answer. Carol can pick up the call by dialing *40 9901701#.
Automatic Redial: The remote party is initially busy when you
call. Hang up the phone and then pick up to dial *41# and then

*41# hang up. You are hearing a ring tone when the remote party is
available. You are alerted and then pick up the phone to wait
for the remote party answering.

*42# It is to cancel the latest automatic redial function.

*43# It is to query how long shall OR SERIES wait to redial (ms).

A4t It is to adjust the duration of waiting for automatic redial.
Method: Dial *44 + Expiry Time#

*45# It is to query the duration of waiting for automatic redial (ms).
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Note: Available in OR SERIES only

This rule only applies to one-stage dialing. It is to replace the prefix number before diverting the
number to PSTN dial out. It also restricts the number by checking the prefix number.

Example: If you transit out with 01907123456, OR SERIES will replace the number to 190601
907123456. If you transit out with 008621123456, OR SERIES will replace it with 190200
8621123456.

Frefix Mumber Rules

Trunk Dial Qut Werify |III1;EIIII

Trunk Dial Qut Replace |19EIEIII1;1EIEI2EIIII

Trunk Dial Out Deny |[020

Item Description

Before the number is diverted to PSTN by FXO port, OR
Trunk Dial Out Verify SERIES will verify the numbers in Trunk Dial Out Verify filed
Trunk Dial Out Replace and replace them with the numbers in Trunk Dial Out Replace

field.

OR SERIES will deny the call with the leading number filled in

Trunk Dial Out Deny this column

Emergency No

Emergency numbers is defined here. You can call out to PSTN (Telco line) with the numbers that
your VSP does not support (i.e. Toll free service numbers).

Note: Available in OR SERIES only

# Enahle Scan Code LIser Dial Lenadth

1 I | 1
g I | 1
3 I | 1

171

Iltem Description
Enable Tick the check box to make this entry effective.
Fill in the leading number for OR SERIES to scan or the full
Scan Code
number.
User Dial Length Set the total digit count of user dialed.
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Advanced Network Settings

OR SERIES provides interface for advanced network settings to enhance your network security.

LAN

This is about LAN configuration. There are LAN interface mode that is to set OR SERIES as a
router or a bridge, LAN IP and subnet mask, DHCP settings.

LAN interface mode

LAN interface mode

" Router ™ Bridge

Item Description

Router OR SERIES serves as a router with NAT.

OR SERIES serves as a bridge between WAN port and LAN
Bridge port without NAT. (LAN default gateway will still be accessible
for configuration).

Bridge Mode WLAN Tagoing | [

VLAM ID[1 - 4094 ] |2 Priarity [0 - 7] |5

Item Description

It is to tag the packets for VLAN Router or Switch identifying

Bridge Mode VLAN Tagging when OR SERIES serves as a Bridge.

VLAN ID It is to assign uniquely a user-defined ID to each packet.

Priority It is the proprietary to Router or Switch.
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LAN Settings

Note: OR SERIES LAN port IP address cannot be in the same section as the NAT LAN port
IP address.

Example: If the LAN IP address of the Internet Sharing Device is 192.168.8.1, then OR SERIES’s
LAN IP address cannot be in the range between 192.168.8.1 ~ 192.168.8.254. You can set
192.168.99.254 for the LAN IP.

LAN Settings
LAM IP £ LAN default Gateway |[192.168.8.254 Subnet mask ||265.2565.255.0
Item Description

LAN IP/LAN default Gateway LAN Port IP address and the subnet mask value. Please note
Subnet mask that OR SERIES is built with NAT
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DHCP Server

Enahle DHCP Server | [

IP Fool Staring Address

[182.168.8.1

IP Fool Ending Address |1 92.168.8.240

IP Fool Uses Other Default Gw | [

P Pool Default Gatesway |1 92163.8.244

IP Fool Subnet mask |255.255.255.D

Lease Time [1 - 99949 hours]

—

Daomain Mame Server
Assignment

& auto O Manual

Domain Mame Server I
(Prirmand IF

Domain Mame Server
(Secondand IF

Item

Description

Enable DHCP Server

Tick the check box to enable DHCP server service of OR
SERIES.

IP Pool Starting Address
IP Pool Ending Address

The first IP address to be assigned to DHCP clients.
The last IP address to be assigned to DHCP clients.

IP Pool Uses Other Default
GW

Tick the check box to give DHCP client the other default
gateway.

IP Pool Default Gateway
IP Pool Subnet mask

Assign the default gateway and subnet mask to DHCP client.

Lease Time

The valid period of an assigned IP address.

Domain Name Server
Assignment

Auto : Assign DNS obtained from WAN port to the DHCP
clients.
Manual : Manually assign DNS for DHCP clients.

Domain Name Server IP

It is to manually assign DNS to DHCP client, a correct DNS IP
address must be filled.
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If OR SERIES is set up behind an IP sharing device or a router, you can select either the NAT or
STUN protocol.

Note: NAT IP/Domain must be the same with Hostname (in DDNS page), if OR SERIES is
behind a NAT Server that uses a dynamic IP and registers to DDNS.

The ports that need to set the Virtual Server Mapping in the NAT server are below.
1. Listen Port (UDP): 5060 is default.
2. RTP Port (UDP): 9000~9001. These ports are used for telecommunication.
3. Hittp Port (TCP): The default is 80.

NAT Public IP T MAT IFIDomain

STUM Serer IP f Domain

STUMN Server Port[1 ~ 655345 |34TB

Enable STURN Client [

Enable UPnP Control Paint

Item Description

NAT Public IP Tick the check box to enable NAT.

Enter the NAT Server IP address (Real External IP address of

NAT IP/Domain NAT Server) then fill in the URL (Uniform Resource Locator).

Tick the check box to use STUN protocol prevents problems
Enable STUN Client with setting the IP sharing function, but some NAT do not
support this protocol.

STUN Server IP/Domain

STUN Server Port Enter the STUN server IP address and Listen Port number.

It only works when the NAT server supports UPnP. Tick the
Enable UPnP Control Point  check box to enable OR SERIES to pass through the NAT
server.
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These settings are only necessary when OR SERIES is set up behind a NAT that uses a dynamic
IP address and do not support DDNS.

First of all, you need to apply an account from one of the servers. OR SERIES allows users to
choose one of DynDNS, TZO, 3322.org, PeanutHull or a private server.

™ Register to DDMNS

ltem

Description

Register to DDNS

Tick the check box to enable DDNS and choose a DDNS
Server as below to register.

" IymDNS DDNS Server

Default |

Sener Address

|memhers.dyndn5.nrg

Hostname

|dﬁ;ndn5.nrg

Laogin 1D

Fasswaord

Confirm Passward

Behind NAT

Custom

Item

Description

Server address

Enter the IP address or URL (Uniform Resource Locator) of the

DDNS Server.

The URL of OR SERIES (or NAT) — provided by a domain
Hostname . : .

name registration providers. (e.g. www.dyndns.org).
Login 1D The ID and password are used to login the DDNS server.
Password

. Tick the check box to enable this function only when OR

Behind NAT SERIES is set up behind a NAT.

Only DynDNS has. Tick the check box if you have a custom
Custom

hostname in DynDNS.
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Caller Filter

This function is used to allow or deny SIP Invite from the list. The IP address of VSP is allowed
while registering to VSP.

* Allow " Dery
Enable Filter IP address Subnet mask
= | |
™ | |
™ | |
Item Description
Allow Choose the IP addresses in the table are allowed to call in or
Deny deny.
Enable Tick the check box to make this effective.
Filter IP address Enter the start IP you would like to allow/deny.
Subnet mask Enter the subnet mask you would like to allow/deny.

PPTP Client

This is optional. ISP gives all parameters.

Enable | [ YolP Cwver PPTP | W

Connection Mame

|
PPTF Server ||
|

Llzer Mame
Fassward |*‘“‘“‘“‘*‘*‘* Confirm Passward |*'“‘“‘*‘*‘*‘*‘*
Peer Network [P |[0.0.0.0 Default Route Metmask | [0.0.0.0

Authentication Type IAutn 'I Diata Encryption IAutn 'I
Key Lenngth IAutn 'I Mode Istateful vI
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In this section, you can set the listen port and RTP port of OR SERIES.
There are some parameters with VSP (Voice Service Provider).

Session Timer: It is to identify the connection of a session which is defined in RFC 4028.
SIP Timeout Adjustment: It is to set SIP message resend time and maximum response time.
Supplementary Features: Other features work with VSP (Voice Service Provider).

Listen Port UDP [1 - 65535

IEEIEEI RTF Starting Port UDP [1 - 65500 ] IEIEII:IEI

Item

Description

Listen Port UDP

The listen port of OR SERIES.

RTP Starting Port UDP

The initial value of port number for transmitting voice data
among OR SERIES(s). Each line requires 2 ports
(RTP/RTCP). It is not necessary to change these.

For example, if the starting port is 9000, then Line 1 is using
9000 (RTP) and 9001 (RTCP), and Line 2 is using 9002 and
9003.

Session Timer

Session Timer

Session Expiration [0=disahle, 10- 1800] IIZI

Session Refresh Reguest| & UpDATE 7 re-INWITE

Session Refresher | & Uas  © UaAc

Item

Description

Session Expiration

It is to avoid the billing of abnormal dropping the call because
of Internet. The default is disabled.

Session Refresh Request

The method of refreshing for Session Timer.

Session Refresher

The role OR SERIES plays in Session Timer. UAS is an
originator, and UAC is a replier.
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SIP Message Timeout Adjustment

SIF Message Resend Timer Base [s]

ns -
Max. Response Time for Invite [1 - 20] IB

Item

Description

SIP Message Resend Timer
Base

SIP packet will resend if response dose not arrive in the base
time set in this column. The max of resend time is 4 sec.

It will send again at "base time" *2, and send again at

"base time" *2 *2. Resend will stop/restart when total resend
20sec has reached.

Max. Response Time for Invite

invite, this call is failed.

If the remote party does not reply in the set time after the first

SIP Proxy Server / Soft Switch Settings

SIP Proxzy Server / Soft Switch Settings

YolP failure announcement

Bind Proxy Interal for BAT [0- 180 5]

Support Message Waiting Indication (Wi

hwl Subscribe Intenal
[O=disable, GO - 86400 5]

-
IEI—
Initial Unregister | [7
r
I—

7200

Item

Description

VolIP failure announcement

As soon as the registration to proxy server is failed, OR
SERIES will drive IVR system to play out failure
announcements for the user.

Bind Proxy Interval for NAT

OR SERIES will always send two packets in N seconds to VSP
to bind the tunnel. The VSP can always send SIP packets to
OR SERIES that is setup behind an NAT.

Initial Unregister

OR SERIES will send un-register packet to VSP as it is
initialing.

Support Message Waiting
Indication (MWI)

Tick the check box to enable voice mail function. OR SERIES
will play a tone to notify user if there are messages in the voice
mail.
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Item Description

The subscribe interval is for OR SERIES check of the voice

MW!I Subscribe Interval ;
mail.

Supplementary Features

Supplementary Features

Anonymous Caller 1D (CLIRY | T

YolP Call Out Motification

.
Enable Built-in Call Hold Music | v

lse Second CPT after SIP registered

-
Enable Mon-SIP Inbox Call | W

Delay PSTM Hangup Detection | W

Enahle P-Asserted | [

Privacy Type |id

Invite UREL need 'user=phone’ | ¥

Reliahbility of Provisional Responses | [

Compact Form | [

SIP Callerld Obtaining | | Remote-Party-Id Display Name ¥

Support URI Percent-Encoding (RFC 3986 | [T

Note: Enable Anonymous Caller ID or Anonymous Transit in W/0O Caller ID, you may be
unable to make a call since OR SERIES doesn’t send the number for authorization.

Item Description

Tick the check box to dial out with “anonymous” as caller
Anonymous Caller ID (CLIR) identification by FXS. Sometimes it may require proxy server to
identify by Caller ID, so disable it while the call is failed.

VolIP Call Out Notification OR SERIES will play a tone to notify the call is through VolIP.

The default setting is that when receiving a call hold request,
OR SERIES will play music on hold. Untick the check box to
disable the function.

Enable Built-in Call Hold
Music
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Item

Description

Use Second CPT after SIP
registered

This function is usually applied when the user set VoIP as the
primary path for outgoing calls and PSTN as the backup. OR
SERIES will generate a different set of tones to inform the user
that VolIP is in service. When VolIP call is failed, the user will
hear PSTN tones instead of the second set CPT. (for CPT
settings, refer CPT Parameters Table)

Enable Non-SIP Inbox Call

Tick the check box to disable Non-SIP inbox call if all calls
need to go through VSP.

Delay PSTN Hangup
Detection

The default is that OR SERIES detects dully if PSTN hangs up.
Tick the check box to make OR SERIES detect PSTN status
sensitively.

Enable P-Asserted

Tick the check box to use anonymous caller ID for protection if
the SIP proxy has this function.

Privacy Type

Privacy requested for Third-Party Asserted.

Invite URL need ‘user=phone’

It will contain “user=phone” in Invite Packet. Some Proxy
Servers can’t accept “user=phone”, just disable it.

Reliability of Provisional
Responses

Defines a type of SIP responses that provide information on
the progress of the request processing. Tick the check box to
achieve reliability for provisional responses.

Compact Form

Defines the header packet size will be shortened with signaling
compression to enhance bandwidth. Tick the check box to
enable this function.

SIP Caller ID Obtaining

Defines from which part of the SIP packet will the gateway
obtain caller ID. There are several places where you can put
your caller ID.

Remote-Party-ld Display Name: It is locate at SIP—
Remote-Party-ID—Before [<sip:]

Remote-Party-ld User Name: It is locate at SIP —
Remote-Party-ID — After [<sip:], Before [@]

From-Header Display Name: The standard way is in SIP —
Message Header — From — SIP Display info.

Support URI Percent-Encoding
(RFC 3986)

It follows RFC 3986 to encode some letters as character
triplet, consisting of the percent character "%" followed by the
two hexadecimal digits representing that octet's numeric value.

The unreserved characters that are not encoded are
uppercase and lowercase letters, decimal digits, hyphen (or
dash), period (or dot), underscore (or underline), exclamation,
tilde, asterisk (star or multiplication), single quote, parenthesis,
bracket, ampersand, equal, plus sign, dollar sign, comma,
semicolon, question mark, slash, colon, at sign and back slash.
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Supplementary Features

Anonymous Caller 1D (CLIRY | T

YolP Call Out Motification

.
Enable Built-in Call Hold Music | v

lse Second CPT after SIP registered

-
Enable Mon-SIP Inbox Call | [

Enable P-Asserted | [T

Privacy Type |id

Invite UREL need 'user=phone’ | W

Reliahbility of Provisional Responses | [

Compact Form | [

SIP Callerld Obtaining | | Remote-Party-Id Display Name ¥

Support URI Percent-Encoding (RFC 3986 | [T

Note: Enable Anonymous Caller ID or Anonymous Transit in W/0 Caller ID, you may be
unable to make a call since OR SERIES doesn’t send the number for authorization.

Item Description

Tick the check box to dial out with “anonymous” as caller
Anonymous Caller ID (CLIR) identification by FXS. Sometimes it may require proxy server to
identify by Caller ID, so disable it while the call is failed.

VolIP Call Out Notification OR SERIES will play a tone to notify the call is through VolIP.

The default setting is that when receiving a call hold request,
OR SERIES will play music on hold. Untick the check box to
disable the function.

Enable Built-in Call Hold
Music

This function is usually applied when the user set VoIP as the
primary path for outgoing calls and PSTN as the backup. OR
Use Second CPT after SIP SERIES will generate a different set of tones to inform the user
registered that VolP is in service. When VoIP call is failed, the user will
hear PSTN tones instead of the second set CPT. (for CPT
settings, refer CPT Parameters Table)

Tick the check box to disable Non-SIP inbox call if all calls

Enable Non-SIP Inbox Call need to go through VSP.
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Item

Description

Enable P-Asserted

Tick the check box to use anonymous caller ID for protection if
the SIP proxy has this function.

Privacy Type

Privacy requested for Third-Party Asserted.

Invite URL need ‘user=phone’

It will contain “user=phone” in Invite Packet. Some Proxy
Servers can’t accept “user=phone”, just disable it.

Reliability of Provisional
Responses

Defines a type of SIP responses that provide information on
the progress of the request processing. Tick the check box to
achieve reliability for provisional responses.

Compact Form

Defines the header packet size will be shortened with signaling
compression to enhance bandwidth. Tick the check box to
enable this function.

SIP Callerld Obtaining

Defines from which part of the SIP packet will the gateway
obtain caller ID. There are several places where you can put
your caller ID.

Remote-Party-ld Display Name: It is locate at SIP—
Remote-Party-ID—Before [<sip:]

Remote-Party-ld User Name: It is locate at SIP —
Remote-Party-ID — After [<sip:], Before [@]

From-Header Display Name: The standard way is in SIP —
Message Header — From — SIP Display info.

Support URI Percent-Encoding
(RFC 3986)

It follows RFC 3986 to encode some letters as character
triplet, consisting of the percent character "%" followed by the
two hexadecimal digits representing that octet's numeric value.

The unreserved characters that are not encoded are
uppercase and lowercase letters, decimal digits, hyphen (or
dash), period (or dot), underscore (or underline), exclamation,
tilde, asterisk (star or multiplication), single quote, parenthesis,
bracket, ampersand, equal, plus sign, dollar sign, comma,
semicolon, question mark, slash, colon, at sign and back slash.
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Supplementary Features

Anonyrmous Caller ID(CLIRY | T

CLIR At Transit In Wrd Caller 1D

-
YolP Call Qut Motification | [
Enahle Built-in Call Hold Music | [

Ilse Secaond CPT after SIP reqistered

.
Enahble Mon-SIP Inbox Call | [

Enahle P-Asserted | [

Privacy Type |i|:|

Invite URL need 'user=phone' | W

Reliability of Provisional Responses | [C

Compact Form | [

SIP Callerld Obtaining || Remote-Party-1d Display Name ¥}

Support URI Percent-Encoding (RFC 39861 | [T

Cormpare SIP To' Header for Transit Qut | [T

Note: Enable Anonymous Caller ID or Anonymous Transit in W/O0 Caller ID, you may be
unable to make a call since OR SERIES does not send the number for authorization.

Item Description

Tick the check box to dial out with “anonymous” as caller
Anonymous Caller ID (CLIR) identification by FXS. Sometimes it may require proxy server to
identify by Caller ID, so disable it while the call is failed.

Disable it, if FXO detects caller ID from PSTN, OR SERIES will
use the detected caller ID as caller identification; if FXO cannot
detect caller ID from PSTN, OR SERIES will use “anonymous”
as caller identification. When enabled, OR SERIES will always
use “anonymous” as caller identification.

CLIR At Transit in W/O Caller
ID

VolIP Call Out Notification OR SERIES will play a tone to notify the call is through VolIP.

The default setting is that when receiving a call hold request,
OR SERIES will play music on hold. Untick the check box to
disable the function.

Enable Built-in Call Hold
Music

Tick the check box to disable Non-SIP inbox call if all calls

Enable Non-SIP Inbox Call need to go through VSP.
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Item

Description

Use Second CPT after SIP
registered

This function is usually applied when the user set VoIP as the
primary path for outgoing calls and PSTN as the backup. OR
SERIES will generate a different set of tones to inform the user
that VolIP is in service. When VolIP call is failed, the user will
hear PSTN tones instead of the second set CPT. (for CPT
settings, refer CPT Parameters Table)

Enable P-Asserted

Tick the check box to use anonymous caller ID for protection if
the SIP proxy has this function.

Privacy Type

Privacy requested for Third-Party Asserted.

Invite URL need ‘user=phone’

It will contain “user=phone” in Invite Packet. Some Proxy
Servers can’t accept “user=phone”, just disable it.

Reliability of Provisional
Responses

Defines a type of SIP responses that provide information on
the progress of the request processing. Tick the check box to
achieve reliability for provisional responses.

Compact Form

It decreases the size of SIP header. Tick the check box to
enable this function.

SIP Callerld Obtaining

Defines from which part of the SIP packet will the gateway
obtain caller ID. There are several places where you can put
your caller ID.

Remote-Party-ld Display Name: It is locate at SIP —
Remote-Party-ID — Before [<sip:]

Remote-Party-ld User Name: It is locate at SIP —
Remote-Party-ID — After [<sip:], Before [@]
From-Header Display Name: The standard way is in SIP —
Message Header — From — SIP Display info.

Support URI Percent-Encoding
(RFC 3986)

It follows RFC 3986 to encode some letters as character
triplet, consisting of the percent character "%" followed by the
two hexadecimal digits representing that octet's numeric value.

The unreserved characters that are not encoded are
uppercase and lowercase letters, decimal digits, hyphen (or
dash), period (or dot), underscore (or underline), exclamation,
tilde, asterisk (star or multiplication), single quote, parenthesis,
bracket, ampersand, equal, plus sign, dollar sign, comma,
semicolon, question mark, slash, colon, at sign and back slash.

Compare SIP ‘To’ Header for
Transit Out

When there is a call from WAN interface to FXO and the
number of Request line and “To” is different, FXO will use the
number of “To” to dial out. Please consult your Internet
Telephony Service Provider about the format of invite packet
from VSP.
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Virtual Server

Enable users on Internet to access the WWW, FTP and other services from your NAT. It is also
known as port forwarding. When remote users are accessing Web or FTP servers through WAN
IP address, it will be routed to the server with LAN IP address.

Enable Vitual Server | [
Serer Port Range
WAkl Port Range | TGP UDP | LARM Host IP Address (Multi-Port Shift Nat Supported) Remark
P -p R || P -p |
P -p R || P -p |
P -p R || P -p |
Item Description
Enable Virtual Server Tick the check box to enable virtual server function.
WAN Port Range Enter the port on WAN.
TCP/UDP Select the communication protocols used by the server—TCP
or UDP.
LAN Host IP Address Enter IP address that the server provides various services.
Server Port Range Enter the port used by the server on LAN.
Remark The space reserved for notations.
DMZ

Demilitarized Zone lets the server on the LAN to be directly exposed to the Internet for accessing
data. Either this function or the virtual server can be selected for use.

Enahle DMZ | [

DMZ Host IP Address

Item Description
Enable DMZ Tick the check box to enable this function.
DMZ Host IP Address Enter the LAN host IP address.
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Port Filtering

Port filtering enables you to control all data that can be transmitted in routers.

Note: When the port used at the source end is within the limited scope, it will be filtered
without transmission.

Enahle Port Filtering | [~

Port Ranoe TCRrUDP Remark
A o =] ||
o -|o [Both =] ||
" o =] ||
Item Description

Enable Port Filtering

Tick the check box to make this effective

Set the range of port to be filtered.

Port Range If set 80 and protocol is Both or TCP, all computers will be
unable to use the services of http (port 80) — will be unable to
browse normal WebPages.

TCP/UDP Select the communication protocols used by the server—TCP
or UDP.

Remark The space reserved for notations.
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IP Filtering is to limit intranet users from accessing the Internet.

Enahle IP Filtering | [
IP TCPIUDP Remark
| [eon =] ||
| o =] ||
| oo =] ||
Item Description

Enable IP Filtering

Tick the check box to make this effective

Enter the IP address that you want to filter; the limited IP

P address will be unable to transmit the data to the Internet

TCP/UDP Select the communication protocols used by the server—TCP
or UDP.

Remark The space reserved for notations.
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Advanced Voice Services

Line Settings

OR SERIES provides function for advanced voice settings, such as FAX, Codec, Speaking and
Listening volume, etc.

You can adjust listening volume, speaking volume and tone volume here.

'-\:,Sutlimg S\fnelﬁ*r‘r‘]gg Tong |Min FXS Hook | Flash Time Enable |PSTN Ring OFF| . | Fx8
Type Flash Time |FXS [200-850 ms] | Polarty | Lenath [1000- Chip
(3dB per (3dB per Yolume Type
[A0-950 ms] |FX0 [30-900 ms] | Reversal 20000 ms] Cption 1
step) step)
Linet | Fxs |[0 =] Al | fo =] A | [5 =] A | E Al | | a0 Al r W
Line2| Fxs ([0 =] fo =] [5=] 3o [E00 - ¥
Line3|PSTM GO0 [4000
Lisietillg) | Sjpeeliig Min. FXS Hoak | Flash Time Enable |PSTM Ring OFF . FXS
Walume Walume Taone ) ) CoLine ;
Type Flash Time |FXS [200-350 ms]| Polarity | Lenagth [1000- Chip
(3dB per {3dB per Yalume Type
[50-950 msg] |FA0 [30-900 ms] | Reverzal 20000 ms] Optian 1
step)d stepd
Linet| Fx5 |[0 =] Al | o =] & | [5=] Al | fan All | | [soo Al r 73
Line2 | PSTN GO0 [4000 PSTH (7]
Item Description

Listening Volume

It is to adjust the hearing volume.

Speaking Volume

It is to adjust the speaking volume.

Tone Volume

It is to adjust the tone volume. It will be applied to all tones
volume generated by OR SERIES including Dial Tone, Busy
Tone, and so on.

Min. FXS Hook Flash Time

It is to set the minimum flash time for FXS detecting.

Flash Time

FXS: Enter the maximum detecting period of flash signal from
the phone set connected to the FXS port. For example, if
pressing the HOLD key will disconnect a call, increase the
“Flash Time” should fix this issue.

PSTN: It is the time of PSTN port going on-hook. If on-hook
time of PSTN is longer than the flash time of PSTN.

Enable Polarity Reversal

As the remote party answer this call, the polarity will be
reversed.
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Item Description

It is used to detect if the PSTN remoter party is on-hook
through the ring length from PSTN by PSTN port. If the ring
length form PSTN is larger than this setting, it is going on-hook
by PSTN port, and it makes FXS stop ringing.

PSTN Ring OFF Length

Choose PSTN if the PSTN port is connected to PSTN line.

CO Line Type Choose PABX if the PSTN port is connected to PABX line.

It is to avoid mis-detecting the loop state of a subscriber line or
PBX user loop by FXS interface. In some places, the voltage of

FXS Chip Option 1 off-hook makes it mis-detect the idle state and the active state
by FXS interface. Untick this variable if it mis-detects the state
by FXS interface in your place.

Rinag (Early Media) Time Limit [10 - 600 s] |9

Enable End of Digit Tane

Force Calling Thru PETH Code

Early Media Treatment

Loop Current Drop Trigger Tirme
[O=dizahle, 3 - 30 5]

Loop Current Drop Duration [1 - 5 5]

BN LR

Enable ROH

Item Description

Specify the interval of ring time to cancel a call when no one

Ring (Early Media) Time Limit answers a call.

OR SERIES will play a “Beep-Beep” tone to notify the call is in

Enable End of Digit Tone progress. It will play when invite packet is sent.

Set the preferred code you set to force calling through PSTN.
For example: If the code is set to *33 and you would like to dial
“23456789” through PSTN, just dial “*33 23456789”.

Force Calling Thru PSTN
Code

It refers to media that is delivered before call answer to inform
Early Media Treatment the remote user about the session establishment. If you fail to
make a call, please disable it.
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Item

Description

Loop Current Drop Trigger

Time

It is to set the trigger time for dropping loop current by FXS
port. A setting of zero is to disable this function. It is used to
avoid the line engaged if FXS port is connected to PBX.

Loop Current Drop Duration

It is to set the drop duration.

OR SERIES will play Receiver Off-Hook tone to notify user of

Enable ROH hanging up the phone set.
Listening Speaking Min. FXS Hoolk . Enahble .
Tane . Flash Time . F¥5 Chip
Type Yolume Yolume Flash Time ) Folarity ;
(308 per step) | (308 perstepy | O | (s0-ga0 mg) |0 LO0-IR0MST o prggy | 0PN
Line 1| FX3 ||:| vI All | ||:| vI All | |5 vI All | |9I:| All 600 All - ™l
Line 2| FX5 ||:| vI ||:| vI |5 vI |9|:| GO0 r ¥
Listening Speaking Min. FXS Hoolk . Enahble .
Tane . Flash Time . F¥5 Chip
Type Yolume Yolume Flash Time ) Folarity ;
(308 per step) | (308 perstepy | O | (s0-ga0 mg) |0 LO0-IR0MST o prggy | 0PN
Line 1| FX3 ||:| vI All | ||:| vI All | |5 vI All | |9I:| All 600 All - ™l
Item Description

Listening Volume

It is to adjust the hearing volume.

Speaking Volume

It is to adjust the speaking volume.

Tone Volume

It is to adjust the tone volume. It will be applied to all tones
volume generated by OR SERIES including Dial Tone, Busy
Tone, and so on.

Min. FXS Hook Flash Time

It is to set the minimum flash time for FXS detecting.

Flash Time

It is to adjust the maximum detecting period of flash signal from
the phone set connected to the FXS port. For example, if
pressing the HOLD key will disconnect a call, increase the
“Flash Detect Time” should fix this issue.

Enable Polarity Reversal

As the remote party answer this call, the polarity will be
reversed.
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Item Description

It is to avoid mis-detecting the loop state of a subscriber line or
PBX user loop by FXS interface. In some places, the voltage of

FXS Chip Option 1 off-hook makes it mis-detect the idle state and the active state
by FXS interface. Untick this variable if it mis-detects the state
by FXS interface in your place.

Ring (Early Media) Tirme Limit [10 - 600 5] |49

Enable End of Digit Tone

Early Media Treatment

[O=dizable, 3- 30 5]

Loop Current Drop Duration [1 - 5 5]

| ]
-
v
Loop Current Drop Trigger Tirme I—
1]
|2
-

Enable ROH

Item Description

Specify the interval of ring time to cancel a call when no one

Ring (Early Media) Time Limit answers a call.

OR SERIES will play a “Beep-Beep” tone to notify the call is in

Enable End of Digit Tone progress. It will play when invite packet is sent.

It refers to media that is delivered before call answer to inform
Early Media Treatment the remote user about the session establishment. If you fail to
make a call, please disable it.

It is to set the trigger time for dropping loop current by FXS
port. A setting of zero is to disable this function. It is used to
avoid the line engaged if FXS port is connected to PBX.

Loop Current Drop Trigger
Time

Loop Current Drop Duration It is to set the drop duration.

OR SERIES will play Receiver Off-Hook tone to notify user of

Enable ROH hanging up the phone set.
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Listening Speaking Min. FXS Hook | Flash Time Enahle PSTM Ring OFF Fx5
Type |  Volure Yolurne Vil Flash Time |F¥3 [200-950 ms]| Polarity | T oIVLANSWEr | o sth (1000~ | chip
Walume Cetection
(3dB per step) | (3dB per step) [50-940 ms] | FXO [30-900 ms] | Reversal 20000 ms] Qption 1
Line t | Fxs | [o =] A | [o =] an] \[s7=] ] a0 Al || |00 Al r W
Line 2| Fxo | |0 =] [0 =] [5 =] BO0 " ||pisable ]| [4000
Item Description

Listening Volume

It is to adjust the hearing volume.

Speaking Volume

It is to adjust the speaking volume.

Tone Volume

It is to adjust the tone volume. It will be applied to all tones
volume generated by OR SERIES including Dial Tone, Busy
Tone, and so on.

Flash Time

It is to adjust the maximum detecting period of flash signal from
the phone set connected to the FXS port. For example, if
pressing the HOLD key will disconnect a call, increase the
“Flash Detect Time” should fix this issue.

Enable Polarity Reversal

As the remote party answer this call or FXS picks up, the
polarity will be reversed.

PSTN Answer Detection

This is used for VSP only.

When there is call from WAN interface to FXO port, it could
identify if the called party of PSTN answers this call. After it
dials to PSTN, it will send “183” to the calling party. After the
called party of PSTN answers this call, it will send “200 ok” to
another the calling party and the VSP starts to charge.

PSTN Ring OFF Length

It is used to detect if the PSTN remoter party is on-hook
through the ring length from PSTN by PSTN port. If the ring
length form PSTN is larger than this setting, it is going on-hook
by PSTN port, and it makes FXS stop ringing.

FXS Chip Option 1

It is to avoid mis-detecting the loop state of a subscriber line or
PBX user loop by FXS interface. In some places, the voltage of
off-hook makes it mis-detect the idle state and the active state
by FXS interface. Untick this variable if it mis-detects the state
by FXS interface in your place.
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Ring (Early Media) Time Limit [10- 600 5] {49

Enahle End of Digit Tone

Force Calling Thru PETH Code

11

Trunk Early Media Cption |OneWayvnice j

Early Media Treatment

Loop Current Drop Trigoer Time
[O=dizahle, 3 - 30 5]

Loop Current Drop Duration [1 - 5 5]

Enable ROH

A

Item

Description

Ring (Early Media) Time Limit

Specify the interval of ring time to cancel a call when no one
answers a call.

Enable End of Digit Tone

OR SERIES will play a “Beep-Beep” tone to notify the call is in
progress.

Force Calling Thru PSTN
Code

Set the preferred code you set to force calling through PSTN.
For example: If the code is set to *33 and you would like to dial
“23456789” through PSTN, just dial “*33 23456789".

Trunk Early Media Options

Early Media refers to media that is generated prior to
connection or answer of a call is established by the called
party. It may be unidirectional or bidirectional, and can be
generated by the caller, the callee, or both. The gateway
supports three early media mechanisms. These mechanisms
occur from the moment “200 OK” being sent in response to an
“INVITE” message.

Both Way Voice: Use bidirectional early media to obtain
information between caller and callee prior to the connection of
a call.

One Way Voice: Only the caller can hear early media from the
callee prior to the connection of a call.

Ring Back: Playing ring back tone for the caller, indicating that
the callee is being alerted prior to the connection of a call.

Early Media Treatment

It refers to media that is delivered before the call is answered
to inform the called party about the session establishment. If
you fail to make a call, please disable it.

Loop Current Drop Trigger
Time

It is to set the trigger time for dropping loop current by FXS
port. A setting of zero is to disable this function. It is used to
avoid the line engaged if FXS port is connected to PBX.
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Item Description

Loop Current Drop Duration It is to set the drop duration.

OR SERIES will play Receiver Off-Hook tone to notify user of

Enable ROH hanging up the phone set.

Termination Impedance

Choose correct impedance in your country/area. The wrong impedance will cause voice failure.

F¥0 Impedance |Taiwan RO0L2 j

FxS Impedance |Taiwan BO0L2 j

Drop Inactive Call

This is used as a standard for FXS and FXO interface to determine whether or not to back to the
idle state. OR SERIES will back to the idle state automatically to avoid keeping the line engaged
while the time expires and the detected volume is lower than Silence Detection Threshold.

Silence Detection Threshold [O=disahle, 1 - G0 dB] |III

Drap Silent Call Tirmeout [(0=disakle, 1 - 3600 5] | (120

Item Description

Set the ceiling threshold of voice energy to be identified as

Silence Detection Threshold .
silence.

Drop Silent Call Timeout Set the silence period to wait for before dropping a call.

Voice Menu Options

This is used to enable or disable IVR function or Call Feature Code. When disabled, call
pickup/repeat, dialing/unattend transfer will be disabled.

Enahle | [

Enable Call Feature Code | v
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You can set the preferred codec, Jitter Buffer, Silence Detection/Suppression and Echo
Cancellation in this section.

Freferred Codec Type |G.T29 Bkbps j
Jitter Buffer [60 - 1200 170
rms]
Silence Detection [ Echo
Suppression M Cancellation M~
W G711 u- V 67231 WV G711 a-
Codec - ¥ G726 ¥ G729 '
=T IG.T23.1 6.3k vI lay
Facket Interval {ms) 20 - 30 200 200> 200
Approximate Bandwidth
Required (Kops) 5.5 |z0.8 |53.5 |28.5 |a5.5
Item Description

Preferred Codec Type

Since different voice codec have different compression ratios,
so the sound quality and occupied bandwidths are also
different. It is recommended to use the default provided
(G.723.1) because it occupies less bandwidth and will provide
better sound quality.

Jitter Buffer

It is to adjust the jitter to receive a packet. If the jitter range is
too large, it will delay voice transmission.

Silence Detection/
Suppression

If one side of a connection is not speaking, OR SERIES will
stop sending voice data (package) to decrease bandwidth
usage.

Echo Cancellation

It is to prevent poor telecommunication quality caused by echo
interference.

Packet Time

Defines how long OR SERIES sends a RTP packet (voice
packet) to the remote party. The smaller the value, the more
bandwidth usage. The larger the value, the more voice delay.

Approximate Bandwidth
Require

The bandwidth required varies with codec format and packet
time.
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FAX Settings

The line will detect FAX automatically if you choose T.30 Fax, T.38 Fax, T.30/Modem or T.30 Only.
Choose the type of FAX protocol and set the related settings.

Fax i Modem |_ine1|T.3IZI Fax vI

Line 2 IT.SEI Fax vI

Item Description
Disable The line do not detect FAX automatically.
OR SERIES uses T.30 as the protocol for fax transmission.
The parameter settings are the same as for voice
T.30 Fax o . . .
transmission. However, enabling the fax function will consume
more network resources and will affect transmission quality.
OR SERIES uses T.38 as the protocol for fax transmission.
T 38 Fax T.38 is used for better and faster facsimile transmission. It is

recommended to enable T.38 to gain better fax quality without
setting fax and voice parameter.

T.30 Fax/Modem

Choose T.30 Fax/Modem as the protocol for transmission if
OR SERIES is connected to Modem.

Choose T.30 as the protocol for transmission. OR SERIES

T.30 Only only accept the fax protocol of T.30.
T.38 Enahle High Guality | [«
FAX Codec || G.711 Bakbps x|
T.30
FAx Jitter Buffer [E0- 1200 ms] ||200
Item Description

Enable High Quality

OR SERIES sends the same FAX frame twice to get a high
quality of the FAX when the line is using T.38 Fax. It requires
more bandwidth.

OR SERIES provides G.711 and G.726 for T.30 fax

FAX Codec transmission.
It is recommended to use G.711 for T.30.
FAX Jitter Buffer It is to adjusts the jitter to receive fax packets. If the jitter range

is too large, it will delay fax transmission.
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OR SERIES provides advanced settings to apply to various situations. Here are Digit Map, DTMF
& Pulse, CPT/Cadence Settings and Provision Settings.

Digit Map

Digit Map now is combined the original feature of Digit Map and Speed Dial. You can use “?” or
“%” in the column of Scan Code, VoIP Dial-out and PSTN Dial-out. “?” is a single digit, and “%” is
wildcard. It provides a mapping between the number received from user and the replaced or
modified number for real dial out. With this function, user can easily add certain leading digits to
replace full number. There are 50 sets of leading digit entries to choose voice routing interface.

Alert if Auto fails | [

Enable Pound key '# ' Function | [

Default Call Route | [Auto {valP first) x|

Digit Map Table

# |Enable | Scan Code | VolPDiakout | PSTNDiakout | o*8B E39R) Route

(N | | [10 [auto tvolP first =]
B | | [to [Auto (valP firsp =
I | | [to [auto cvalP first =]

Item Description

Tick the check box to play a voice announcement before

Alertif Auto fails calling out. It reminds user that this call is through PSTN.

Enable Pound Key ‘# It is to speed up the connection of a call by entering ' # ' after a
Function complete phone number is dialed.

Define the default call route of OR SERIES. If Default Call
Default Call Route Route is Deny, all numbers that are not match the Digit Map
Table will be denied.

Enable Tick the check box to make this entry effective.

Define the leading digits for OR SERIES to scan while the user
Scan Code o

is dialing.
\VolIP Dial-out Define the dialed number rule for OR SERIES calling through

Internet.
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Item

Description

PSTN Dial-out

Define the dialed number rule for the gateway to call through
PSTN/FXO port.

User Dial Length

Define total number of digits that user dialed. A setting of zero
tells the gateway scans digits only and disregards the total digit
count.

Route

It is to determine the interface calls should go through if above
conditions satisfied.

Enable Pound ey '# ' Function | [#

Default Call Route | [Auta (volP first) =]

Digit Map Table

#| Enahle Scan Code “oIP Dial-out Llzer Dial Length Route

11 O | | [10 [ auto pvolP first =]
2l O | | [10 [ auto pvolP first =]
3l O | [10 [Auto cvalP first =]
Item Description

Enable Pound Key ‘#
Function

It is to speed up the connection of a call by entering ' # ' after a
complete phone number is dialed.

Default Call Route

Define the default call route of OR SERIES. If Default Call
Route is Deny, all numbers that are not match the Digit Map
Table will be denied.

Enable Tick the check box to make this entry effective.

Define the leading digits for OR SERIES to scan while the user
Scan Code o

is dialing.
VolIP Dial-out Define the dialed number rule for OR SERIES calling through

Internet.

User Dial Length

Define total number of digits that user dialed. A setting of zero
tells the gateway scans digits only and disregards the total digit
count.
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Item Description

Determine the interface calls should go through if above

Route conditions satisfied.
Digit Map Testing
Digit Map Testing
Test Dial No. || Run
Result |

Item Description

. You have to set some rules in Digit Map Setting first and enter
Test Dial No. the number for test.
Result OR SERIES will show the number for VolP Dial-out and PSTN

Dial-out according to the Digit Map Table.

Methods of Digit Map:

Method 1- Single mapping: Fill a short code into the Scan Code column, and enter the desired
phone number into the VolP Dial-out or PSTN Dial-out column.

Example - Single mapping,

Scan Code: 55
VolIP Dial-out: 07021234567
User Dial Length: 2

Route: VolP
#|Enahle | Scan Code YolP Dial-out FSTH Dial-out | User Dial Length Route
1| W ||sa [n7021234567 || |2 [valP =l
o | | [10 [Auto pvalP firsy 7]
A | | [10 [Auto pvalP firsty =]
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Pick up the handset and dial 55 and OR SERIES will dial 07021234567. You also can use Digit
Map Testing to know that OR SERIES will dial 07021234567 and go through Internet.

Digit Map Testing

Test Dial Mo. |55 Run

Result I#‘l © WolP=07021234567

Method 2- Multi mapping; Fill the prefix code into the Scan Code column and the format to transfer
into the VolP Dial-out or PSTN Dial-out column.

Example 1 - Multi mapping,

Scan Code: 2?77?
PSTN Dial-out: 351006777
User Dial Length: 4

Route: PSTN
# |Enable| ScanCode | VolP Diakout | PSTN Diakout | S8 e CEnOl Route
1| |fss [o7021234587 || |2 [valP =
1| W |[2990 | |351008777 |4 |PsTH =l
3 0O | | [to [auto (valP first =]

Pick up the handset and dial 2301. OR SERIES will dial 351006301 and go through PSTN/FXO.
You also can use Digit Map Testing to know that OR SERIES will dial 07021234567 and go
through PSTN/FXO.

Digit Map Testing

Test Dial No. |[2301 Run

Result  |[#2: PSTN=351008301
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Scan Code: 0%

VolIP Dial-out: 0%
PSTN Dial-out: 1805%
User Dial Length: 0

Route: Auto
# |Enable| ScanCode | VolP Diakout | PSTNDiakout | oW 2S CEnal Route
1] M ||5s [o7021234567 || |2 | valP =l
2| W |[zeee | [351006777 |4 [PsTH =
3| @ |fo% o [1e05% o | Auto (valP first) =]

Pick up the handset and dial 0423456789. OR SERIES will dial 0423456789 and go through
Internet first. If the call is fail to Internet, OR SERIES will dial 1805423456789 and go through
PSTN/FXO. You also can use Digit Map Testing to know that OR SERIES will dial 0423456789 to
Internet and 1805423456789 to PSTN/FXO.

Digit Map Testing

Test Dial Mo. |[0423456759 Run

Result I#S: WolP=0423456789 PSTHN=1805423456754

Method 3- Substitution; It helps you dial to destination that you can not dial by phone. Destination
like: test@1.1.1.1. Fill the number into the Scan Code column and enter the desired name into the
VolIP Dial-out column.

Example,

Scan Code: 11
VolP Dial-out: test
User Dial Length: 2

Route: Auto
# |Enable| ScanCode | YolP Diakout | PSTNDiakout | oW 2el LENIN Route
U 2R |test | |2 | Auta tvolP first) =]
2| [ I I I |1 a IALItD (volP firsty =]
3| 0 | | [10 [Auto (volP first) 7]
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Pick up the handset and dial 11. OR SERIES will dial “test” and go through Internet. You also can
use Digit Map Testing to know the dialing result.

Digit Map Testing

Test Dial Mo. |11 Run

Result  |[#1: VolP=test PSTN=11

NOTE: In the example of Method 3, the result also shows that OR SERIES will dial 11 and
go through PSTN. That means OR SERIES will dial 11 to PSTN if the call is fail to Internet.
Please select the route is VoIP in this rule if the route is only able to Internet.
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You can change these parameters if you have problems in dialing number.

DTMF Settings

Dial Wwait Timeaout [1 - 60 5] |1 ] Inter Digits Timeout [1 - 60 ] |4

Item Description

It is to set the waiting time for the user’s first key pressing when
Dial Wait Timeout dialing a number. The user will hear busy tone if the first key is
not pressed within the set time frame.

It is to set the waiting time between each key pressing. If the
Inter Digits Time Out caller does not press the next number before the time expires,
OR SERIES will play busy tone.

Minirmum DTWMF QR Length [40 - 500 ms] IBIZI Minirurm DTWME OFF Lenath [40- 500 ms] IBIII

DTMF Detection Sensitivity | lessy 1 &2 3 4 & 5 (more)

Fxo Dial Type IDTMF vI Fulse Dial MarkiSpace Ratio IUE (61:39 %) vI

Item Description

Minimum DTMF ON Length  Define the length of diverting a call to another extension line.
Minimum DTMF OFF Length (Adjust length between Dail_on and Dail_off).

It is to adjust the sensitivity of detecting numbers for OR

DTMF Detection Sensitivity SERIES

FXO Dial Type Select dial type for FXO. There are DTMF and Pulse.

Pulse Dial Mark/Space Ratio Duration and break of pulse dial ration.
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Out-of-Band DTMF

™ Enable Hook Flash Event

Enable Out-o-Band DTMF [ | & RFC 2833 | Payload Type [96- 1271|101 Yaolurne |n dB "I
" SIP Info
Item Description

Enable Out-of-Band DTMF

Tick the check box to send DTMF keys (0~9, *, #,) follow the
RFC2833 rules or via SIP Info.

Enable Hook Flash Event

According to RFC2833 or SIP info, OR SERIES will deliver
Hook Flash signal to the remote party.

Volume

Defines the DTMF volume of RFC 2833.

Payload Type

Payload type of RFC2833.
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CPT/Cadence Settings

OR SERIES will generate the tones by the call process tone parameters table.

CPT parameters Table

The CPT has 2 sets of parameter tables. Please adjust the parameters based on local PSTN.

#1 Enahle Setting 1 ﬂl
ToneType | oo | rreguaney | T-OM_1 | TOFF1 | T_ON_2 | T_OFF_2
Dial Tone | |350 [440 |3000 o o o
COngeston | [4an [620 [250 [250 [ [0
Busy Tane |[480 520 500 |s00 o o
R”}%chk [440 [450 1000 [2000 [o [o
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Busy Tone Cadence Measurement

CPT/Cadence setting parameters serve as the basis of an FXO interface to determine whether or
not a PSTN-call receiving party has hung up the phone. If the following parameters differ from the
parameters of the actual assigned lines, it could cause the FXO to continue to engage a line.

BTC Enable Busy Tane Cadence Measurement

T_OM_1 |T_OFF_1 | T_ON_2 |T_OFF_2| Auto Learning
BTC #1 240 240 0 0 fes
BTC#2 500 500 0 0 fes
BTC#3 0 1] 0 0 fes
BTC#4 0 1] 0 0 fes
BTC#5 0 1] 0 0 fes

BTC Detection Sensitivity | flessy €41 02 €3 &4 € 5 (more)

BTC Yolume Threshold [20- YO dB] | 24

Item Description

Auto Learning It is to learn the busy tone automatically by FXO port.

The more sensitivity, the more quickly it will cut off the call by
BTC Detection Sensitivity FXO port. If it often cut off an un-finished call by FXO port,
select less sensitivity.

BTC Volume Threshold The detection level for BTC.
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Provision Server is used to provision, configure, manage and maintain subscribers and network
users. OR SERIES, acts as a part of subscribers, can be controlled by Provision Server. OR
SERIES provides a simply way for users to connect and send request to Provision Server by
enabling this setting. With this system, the Server can not only easily modify a configuration file to
change gateway settings but to assign latest firmware for specific gateways to upgrade. Besides,
Provision Server also reports the status of OR SERIES and all actions will be recorded in log file
that offers users to trouble shouting effectively.

Enahle Auto Provisioning | [~

Frovigion Semer Address |

Port[1 - 65535 |1 0101

Facket Format |F'r|:|prietarg.f 'I

Connect Provision Serer 7
During Start Up

Cannect Provision Server
Periodically M

Auto Provision Interval |1IZIEHZIIZI Randorm Offset

FProvigion Retry Times
|1 1]
[O=always, 1 - 956] [0-99]

Retry Interval [30- 120 5] |3IZI

Suspend Service | [

ltem

Description

Enable Auto Provisioning

Tick the check box to start provisioning.

Provision Server Address

Enter the IP address/Domain of Provision Server required by
your provider.

Port

The port of Provision Server.

Packet Format

Select the packet transmitting format required by provision
server.

Connect Provision Server
During Start Up

OR SERIES will connect to Provision Server when it power on
or reboot.

Connect Provision Server
Periodically

It is to adjust the parameters for OR SERIES to connect to
provision server periodically.

Suspend Service

It is to adjust the parameters for OR SERIES to do auto
provision task.

74



I / I P_n Terminal Adapter
L]

Binding Server for Trigger | [T

Binding Part[1 - 65534 |1 0104
Binding Interval [1 - 65535 5] |1 ]

Item Description

Tick the check box to trigger of a connection between server
Binding Server for Trigger and OR SERIES. Server will bind a port for the gateway to
send provision request.

The binding port number of the server is used to tell OR

Binding Port SERIES the path of binding server.

It to set the desired Interval at which OR SERIES will keep the

Binding Interval binding.
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This is to control outgoing call and incoming call through FXO. Transit Call Control is effective
when it cooperates with Long-Distance Control Table. Long-Distance Exception Table is for an
exception and it will not be restricted by Transit Call Control and Long-Distance Control Table.
You have to enable both of Inbound/Outbound Call Control and PIN Code. Transit Call Control is

active in one-stage dialing.

Inbound Call Gantral | [ Outhound Call Gontral | [
# PIM Code Enahle Privileges
T r o]
| T r o=l
s | T r o]
Item Description

Inbound Call Control

Tick the inbound PIN code when users make phone calls from
a PSTN to FXO and then using a VolP — only effective for
incoming calls calling from a PSTN trunk.

Outbound Call Control

Tick the outbound PIN code when users utilize FXO interface
to divert to a PSTN — only effective for outgoing calls being
diverted to a PSTN Trunk.

Enter the PIN code (4-6 digits or leave blank. A blank indicates

PIN Code no PIN code is required at this level. Generally, the PIN at level
5 can remain blank to simplify the phone number.)
Enable Tick the check box to enable the PIN code at each level.
The level is divided into 0~5 (The levels are in descending
Privileges order; 0 stands for the highest authority and 5 stands for the

lowest.)

The dialing principle to PIN Code is below:

* inbound call control PIN code* outbound call control PID code* phone number

Using * to separate PIN code and the phone number is based on actual settings.
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Long-Distance Control Table

This table controls the level of authority of an outgoing (transit out) call that is dialed through FXO
and diverted to PSTN, as below.

This table is used to prohibit dialing any numbers started with specified prefixes. Digit strings in
this table are prefixes that the gateway will check on dialed numbers in transit out calls. It is
Downward Restriction — If the users at a higher level cannot dial a number with a certain prefix,
then users at lowers level also cannot dial a number with the same prefix. For example, Level 1 is
set to prohibit dialing any number with prefix 0, then any level below 1 (including Levels 2 to 5) is
also prohibited. Since Level 0 is not restricted to any prefix, therefore at level 0 users can dial a
number with the prefix 0.

# 0 1 2 2 4 ]

P
:
s

Long Distance Exception Table

This table handles any exceptions to the long-distance call table.

According to the Long Distance Control Table, users at Level 0 are prohibited from dialing a number
with the prefix 0204. But, if the number 020488988 is set in the Exception Table as above, then users
could then dial this number. It is Upward Opening —If the users at a lower level can dial a number
with a certain prefix, then the users at higher levels can also dial a number with the same prefix.

# 0 1 2 3 4 5

1 IDEDdEEQEE
2 I
3 I
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Status and Tools

This section shows the status of OR SERIES. There are Current Status, RTP Packet Summary,
System Information, Ping Test and STUN Inquiry.

Current Status

Port Status: It includes if each port registers to Proxy successfully, the lasted dialed number, how
many calls each port had since OR SERIES is start, etc.

Server Registration Status: It shows the registration status of DDNS, Phone Book Manager,
STUN and UPnP.

Current Status

Port Status

Mo [ Type |Exension Mumber |Line Status | Calls | Dialed Murmber | Proxy Register | LIPnP on RTF
1 |Fx8 |TM 1] Dizahled
2 |F¥E8 | T02 1] Dizahled

Server Registration Status
DDME Registration | Disabled (00:01:543)
Phone Book Manager Registration | Disabled (00:01:53)
STLIN Registration | Disabled (00:01:53)
LIPnP Megotiation | Disabled (00:01:53)

RTP Packet Summary

Display the information of the final call. Press Refresh button to get the latest RTP Packet

Summary.
RTP Packet Summary
Line1  |G.711 u-law Bdkbps | PacketSent |0 Packet Received |0 Packet Last| 0
The |last packet's source [P The |last packet's source Port | 0
Line2 |G.711 wlaw64khps | PacketSent 0 Packet Received |0 Packet Last| 0
The |last packet's source [P The last packet's source Port | 0

Refresh |
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System Information

WAN Port Information: It shows IP address, subnet mask, default gateway and DNS server. If
you use PPPoE to obtain IP, you can know if the IP is obtained through this. If IP address, subnet
mask, default gateway is blank, it means that OR SERIES does not obtain IP.

LAN Port Information: It shows LAN port IP, subnet mask, and the status of DHCP server.
Hardware: It shows the hardware platform.

System Information

WAN Port Information
Factory Default MAC Address | 88 69 36 85 70 39
IP Address
Subnet Mask

Default Gateway
DrE

LAN Port Information
MAC Address |88 69 36 89 70 8A
IP Address | 192.168.8.254
Subnet Mask [ 255.255.255.0
DHCP Server
DHCP Server [Enahbled
IP Pool Range | 192168.8.1 - 182 168.8.250
Lease Time |1 houris)
DS

Hardware
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Use Ping to identify if the remote peer is reachable. Fill in remote IP address and click Test will

start the test.

Ping Destination ||

Mumber of Ping [1-100] |4

Ping Packet Size [56 - 5600 hytes) |5l5

STUN Inquiry

It is to know what NAT type of the router when OR SERIES is behind NAT.

MAT Type | Linknown

STUN Server P/ Domai ||

STUM Server Port[1 - B5535] I34?E=
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System Settings

This section provides system settings such as NTP, Login Account, Backup/Restore, System
Operation, Software Upgrade and Logout.

NTP

It is to set the Time Zone where OR SERIES resides. You can set the Time Server where OR
SERIES should sync up during start up.

Year huonth Dy Hour Minute Second
Gateway Time |[2000 |1 [ E 0 0
Time zane ||+ ][5 ] [o07]
# Time Server
1 |ntp.ucsd.edu
2 |ntp.univ—|3ﬂ:|n1.fr
3 |time.nuri.net

Login Account

There are two sections in this page: Login Settings and Accessing Services.

Login Setting: There are two levels to enter Web. Administrator is able to change all settings.
Web Ul only changes some settings.

Access Services: It is to allow users to access OR SERIES not only from Web but also from
Telnet.

Login Settings

Note: Enter new Login ID and password for two levels.

Administratar's Mame

Administrator's Password

|

Confirm Passwaord |**'*‘“‘*‘“‘*‘*

Web LI Login (D

Web LI IWE Password

|

Canfirm Password |’”"""“""“""“""r
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Access Services

Note: When “"Enable Web UI” is unticked, you cannot access from Web.

Faort of Weh Access from WAk
[O=disakle, 1 - F55348]

IEEI
Web Ul auto logout [30- 300 5] IEIZI
I~
I~

Enable Weh LI

Enable Telnet Service

Item Description

Http port for WAN. To make this setting, the LAN Port must be
Port of Web Access from used. It cannot be made using the WAN Port. Always use port
WAN 80 when connecting to LAN port. A setting of zero is to disable
http port for WAN.

If OR SERIES is inactive for the period defined in this filed,

Web Ul auto logout Web Ul will auto logout to keep OR SERIES secure.

Untick the check box to disable WEB access from WAN or

Enable Web Ul LAN while necessary.

Untick the check box to disable Telnet access from WAN or

Enable Telnet Service LAN while necessary.

Backup/Restore

You can backup settings to a file and restore settings from that file.

Backup Configurations

Canfiguration File | Backup

T
T

Configuration Template File | Backup

Item Description

Configuration File It is to backup the all settings.

Configuration Template File It is to backup the settings as template file for editing.
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Restore Configurations

You can backup settings to a file and restore settings from that file. You also can restore all
settings back to default by selecting Restore Default Configurations and click Restore.

Note: You have to save settings and restart, and all settings will take effect.

G Lpload Configuration File Browse... |
" Restore Default Configurations
Festore |

System Operations

Some settings are effective by Restart. Remember to save all settings by Save Settings before to
restart.

[T =ave Settings | Save all configurations.

Ee sure to save all settings before restart.

[ Restart Restart the Gatewsay right aweay. All calls will be DROPFPED when Restart.
Item Description
Save Settings Save settings after completing configuration.

The new settings will take effect after OR SERIES is restarted.

Restart Please select it and click the Accept button.
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OR SERIES provides software upgrade function for a remote end.
Your provider gives all parameters.

To Save Current Settings, Save Settings

Current Software Version Mo, [1.2.36.9-61-81]

Upgrade Server | & TFTP i FTP i* HTTP

Sener P Address

Serer Port [1- 65535] IEEI

Llser Mame |
Password |
Directory |
Bootloader Upgrade, Current Version [1.006.26]
Item Description
Upgrade Server Choose the server type of your provider.

Software Upgrade Server IP  Enter the software upgrade server IP address.

Software Upgrade Server Port Enter the port that server uses. TFTP is 69, and FTP is 21.

User Name/ Password The account/password is to login the upgrade server.
Directory The location of Directory for Upgrade Server.
Logout

OR SERIES only allows one user to login at a time, so whenever a change is made, please save
the settings, restart OR SERIES, or logout to avoid the situation where other users cannot login to
change settings.

To save settings, click Here
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Follow the description if you have problems in how to assign a static IP Address in your PC.

Using Windows XP for example

Go to Start -> Click on Control Panel -> Double-click on Network and Dial-up Connection ->

E- Control Panel

=10l x|
..1:

File Edit View Favarites Tools  Help

QBack - O - LE
Address I[} Control Panel j LE:]

e ¢ % b m» » & =

Accessibility  Add Hardware Add or
Options

—

j_]Search i Falders

> 3 X 9 |m-

Adminiskrative Date and Time Display
Remow. .. Tools

Click on Open Local Area Connection ->

'_5. MNetwork Connections

=10 x|

advanced  Help .'

5 3 X 9 |E-

File Edit Wiew Favorites Tools

@Back - O - LE

Address |€3, Mebwork Connections

-

j._:]Search i Folders

Internet Gateway

jGD

-

Internet Connection
Disabled
Internet Connection

LAM or High-5peed Internet

ocal Area Connection

nabled

VMimare Accelerated AMD PCH, .,
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Click Properties.

General | Suppnrtl
— Connechion
Statug: Connected
Cruration: 00:3701
Speed: 1.0 Gbps
Signal Strenath:
— Activity
Sent —— ﬂ —— Received
Bytes: 40,226,273 592 145 626
Properties Dizable |
Cloze |

Highlight Internet Protocol (TCP/IP) and then click Properties.

- Local Area Connection Properties 2 x|

General | Authentication I Advanced I

Connect using:

I B Mware Accelerated kD PCHet Adapter

Thiz connection uzes the following items;

% Client for Microzaft Metwarks
.@ File and Printer Sharing for Microsoft Wetwaorks
.QEJDS Facket Scheduler

Internet Protocal [TCRPAR]

[nstall... | [Hriratall Properties

— Dezcription

Transmizzion Control Protocol/lntermet Protocol. The default
wide area network pratocal that provides communication
acrosz diverse interconnected networks,

¥ Show icon in notification area when connected

(] Cancel
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Select Use the following IP Address. Set IP address, Subnet mask and Default gateway. The IP
Address must be within the same range as OR SERIES (If the IP Address of OR SERIES is
192.168.8.254. You can assign 192.168.8.100 for your PC). Then, enter the DNS server IP
address (varies in different networks. consult your ISP’s service for information). Click on the OK
button to make settings take effect.

Internet Protocol {TCP/IP) Properties

General |

Y'ou can get |P settingz aszigned automatically if your netwark, supports
thiz capability. Otherwize, pou need to azk your nebwark. adminiztrator for

the appropriate IP zettings.

™ Obtain an [P address automatically

2%

% illze the following |P address:

IF address: I 192 168 . 3 . B&
Subnet mazk: I 2Bh 0285 085 0
Default gateway: {192 .168. 3 . 1

) Dbtain DS server address autamatizally

&% Use the following DNS server addresses:

Prefemed DMS server; | 203,12 .1 .1

Alternate DMS server; |

Advanced... |

o ]

Carcel |
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FEDERAL COMMUNICATIONS COMMISSION INTERFERENCE STATEMENT

This equipment has been tested and found to comply with the limits for a Class B digital

device, pursuant to Part 15 of the FCC Rules. These limits are designed to provide

reasonable protection against harmful interference in a residential installation. This

equipment generates, uses and can radiate radio frequency energy and, if not installed

and used in accordance with the instructions, may cause harmful interference to radio

communications. However, there is no guarantee that interference will not occur in a

particular installation. If this equipment does cause harmful interference to radio or

television reception, which can be determined by turning the equipment off and on, the

user is encouraged to try to correct the interference by one or more of the following

measures:

— Reorient or relocate the receiving antenna.

— Increase the separation between the equipment and receiver.

— Connect the equipment into an outlet on a circuit different from that to which the
receiver is connected.

— Consult the dealer or an experienced radio/TV technician for help.

CAUTION:

Any changes or modifications not expressly approved by the party responsible for

compliance could void the user's authority to operate the equipment.

This device complies with Part 15 of the FCC Rules. Operation is subject to the following

two conditions:

(1) This device may not cause harmful interference and

(2) This device must accept any interference received, including interference that may
cause undesired operation.

RF exposure warning -

This equipment must be installed and operated in accordance with provided instructions
and the antenna(s) used for this transmitter must be installed to provide a separation
distance of at least 20 cm from all persons and must not be co-located or operating in
conjunction with any other antenna or transmitter. End-users and installers must be
provide with antenna installation instructions and transmitter operating conditions for
satisfying RF exposure compliance.



