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Manual Description

This manual is applicable to New Rock’s OM series office IP telephony system (referred to as the
“device”) with firmware release version 74. It describes how to use Web utility to manage the device,
including parameter configuration and maintenance operation such as firmware upgrade, capturing log
files and etc. Notice that some frequent used parameters can be configured on a phone, as described in
OM’s User Manual.
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1 Start

1.1 Logon to the Device

Stepl Connect your PC to the device

Using a CAT5 cable to connect the device to the local network where the PC is connected, or
connect the device directly to the PC.

Step2 Obtain the IP address

Plug an analog phone to one of the Phone ports on the device; pick up the phone and listen to the
announcement after dialing ##.

Step3 Login to the Web utility

Enter the device IP address in the browser address bar on your PC, and select English on the
logon interface. After entering the password, click Login.

Figure 1-1 Login interface

[ﬂ | English ]

O fFfricCium

OM10 IP-PBX Management

Role Admin v

Password ssess

MEw Rock Copyright @ 2009-2011 Mew Rock Technolegies, Inc. All rights resened.

Table 1-1 Login parameters

Item Description
Language Select a language.

www.newrocktech.com 1-1
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Item Description

The Web utility provides two authority levels, administrator and operator.

« An administrator is allowed to make changes to any configuration and login
passwords.

« An operator is allowed to navigate configuration pages and make limited changes to
Role configurations.

« The device allows multiple users to login, in which case the administrator has the
authority of changing the configuration while the operator is limited to read the
configuration only. In any situation, there is only one user allowed to make changes
to configurations.

Password admin by default.

Y

Moxa « Before logon to the Web utility, make sure the PC and the device are on the same subnet.

« Please change the default password after your first time logon to the Web utility and keep it secure.
See Chapter 6.2 Changing the administrator password.

1.2 Directory of Web Pages

If you are unfamiliar with the organization of the Web utility, the directory links on the top of the
interface can help you to navigate the Web pages based on the tasks you would like to perform.

Feature Index
The index of features and functions directs you to the intended pages.
Directory

The sitemap of the Web utility is presented.

Figure 1-2 Directory interface

Welcome admin Login time ; 2011-08-29 14:42:53 [Feature index Directory ] ) Info BAreboot @ Logout

m Extension Trunk Mulit-site System Advance Logs Tools

Status | Metwork | Dialing rule | Auto-attendant | Text to voice greeting | Domain name

This device has been running for 0 hours 8 minutes 55 seconds. It started on 2011-08-29 14:33:00

Device information

Huost name Officium 10

MAC 00:0E:A9:35:00:35

Madel OM10-83

MAT IP address Empty

SNTP Successful synchronization
DDNS Motinused

1.3 Network Settings

The networks settings may need to be changed based on the installation conditions.

1-2 www.newrocktech.com
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Go to the Basic > Network page for network settings. See Fig. 1-3.

Figure 1-3 Network setting interface

m Extension Trunk Mulit-site System Advance Logs Tools

Status | Network | Dialing rule | Auto-attendant | Text to voice areeting | Domain name

Hostidims gﬂcmzzita.t — EIEL;.!:tE:IE (3-z), numbers (0-9) and dash (-) are allowed,
Ethernet port
MAC | 00:0E:A9:35:00:35
IP address assignment
IF address |

Metmask

Gateway IP address | 192.168.2.1

Table 1-2 Network parameters

Item Description
Static To assign a static IP address. This is the default setting.
DHCP Use the dynamic host configuration protocol (DHCP) to allocate IP addresses.
Select PPPoE when ADSL modem is connected to the device, and enter username and
PPPOE :
password obtained from ISP.

1.4 Port Forwarding

Port forwarding is used to permit external hosts to communicate with the device installed behind a
router in a private local area network. Such communication is required in remote device management,
SIP terminal registration to the device and the SIP trunk between the device and an external device.

The port forwarding is configured on the router, and the example of the configuration on a router is
illustrated in Fig. 1-4.

Figure 1-4 Port forwarding interface of router

Ports - Custom Services

i, ¥
Senvice Name SIP
Senvice Type uppP -
Starting Port 5080 |1-55535)

Ending Port (1v55535}

Server IP Address 10 |10 [|1o |04 ]

The WAN port IP address of the router is static
Go to the Basic > Domain name page and enter WAN port IP address of the router. See Fig. 1-5.

New Rock Technologies, Inc. 1-3
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Figure 1-5 Domain name setting interface

Domain name

e.g. 220.248.100.68 or myom.cam

Domain name is used in SIF terminal registration and multi-site application

Selecta domain name hased on network scenario:

Scenario 1: SIP terminals and the device are on the same LAN

“SFillin “Domain name” with device IP address or a stream of www oo com format

Scenario 2: Some SIP terminals are registered from Internet

%FI” in "Domain name” with Internet domain name if the device has one

“uFill in “Domain name” with Internet address ifthe device has one
“4lf you already have a DDNS account, fill in the field with the DDNS domain name

I Submit

The WAN port of the router does not have a fixed IP address

Go to the Basic > Network page to enable STUN.

Figure 1-6 Network setting interface

IF address assignment

IP address

Netmaak:

Gateway IP address [
“Enable |

Primary server |
Secondary server

Currenttime

Primary server |

Secondary server

Query interval (min} |

Time zone

00:0E:A2:50:01:13
DHCP x| ]
192.168.250.126
255.255.0.0
192.168.2.1

4

192.168.2.1 2.g. 202.96.209.6

2.g. 202.96.209.133

2011-08-30 16:59:32  YYYY-MM-DD HH:MM:55 Chz

192.43.244.18

198.60.22.240

120

(GMT+08:00) Beiling _’S]

STUN

STUN server

Table 1-3 Network parameters

Periodic =l

e.g. 29.125.2.29

I Submit

OM Series IP Telephony System

Item Description

Select a trigger for launching STUN inquiry:

« Startup: make inquiry for the SIP signaling when the App activated
STUN

« Periodical: periodically make inquiry

o Periodic & RTP: periodically make inquiry for both SIP signaling and RTP stream

STUN Server Enter the IP address of STUN server, such as 20.125.2.29.

1-4 www.newrocktech.com
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2 Auto Attendant

2.1 Operators/Receptionists

In conjunction with the auto attendant function, the device supports manual call transfer to extensions. Up
to five operator phones can be connected to the device. By factory default, the first Phone port is reserved
to the operator with extension number 200.

Click Basic > Auto Attendant to add more operators or to change auto attendant related settings. See

Figure 2-1.

Figure 2-1 Auto-Attendant setting interface

Extension Trunk

Multi-site System Advanced Logs Tools =

Status | Network | Dialing rule gm;nngn_d_an_{ Text to voice greeting | Domain name

Auto attendant
Time schedule

© Customize ' Business hours anly

Monday ;! to  Monday ;!
Greeting  Text to voice greeting
Business hours
Non-Business hours
First digit timeout
Playing greeting message

' Non-business hours only
Cpen (HHKI) to

welcome =]
offhour =]

0 x| times, waiting for 24 seconds befare transferring to the attendant

200 Fill in the extensions of operator (up to 5),¥eparated
@ cequential T Circular © Simuttaneous
0 to transfer to attendant

5 x|times, and transfer to the attendant when the call is not answersd

Operator
Operator
Call distribution
Press
Ring the phone
Secretary

 External call @ All call

Table 2-1 Auto-attendant Parameters

Item

Description

Operator

Enter up to five operators’ extension numbers, separated with “,”.

Call Distribution

Select a call distribution scheme below when there are more than one operator:

« Sequential: terminate the incoming call to the first available extension on the
operator list starting from the first one;

« Circular: terminate the incoming call to the first available extension on the operator
list in fixed order beginning from the last one left off;

« Simultaneous: terminate the incoming call to all available extensions on the operator
list simultaneously and the first one to pick up is connected.

Call to an Operator

This dial prefix is used to call an operator. The default prefix is 0.

Ring the phone

When an incoming call is not answered after the set ring times, the device provides
busy tone to the caller. The default ring time is 5.

New Rock Technologies, Inc.
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2.2 Greetings

The device provides a greeting voice message to the caller when a call comes in, and the content of the
greeting may vary depending on the time.

2.2.1 Factory Default Greetings

There are two default greetings, one for business hours and one for off-business hours, as shown in Table
2-2.

Table 2-2 Default greeting files

Type File name Content

business hours welcome Thank you for calling. If you know your party’s extension, please dial it
now. Or, to transfer to an operator, press zero.

off-business hours | Off-hour Thank you for calling. Our office is closed. If you know the extension,
please dial it now.

2.2.2 Changing the Greetings

Three ways are provided to change the greetings:

e Synthesizing the greetings based on the text content.

e Recording the greetings via a phone connecting to the device.

e Uploading the prepared greeting files to the device.

Synthesizing greetings

This is a simple way to customize the greetings in Chinese or English with high voice quality. The
synthesizing service is provided by the speech synthesis engine publically accessible on the Internet,

offered by New Rock Technologies, Inc., and to perform the synthesis the device is required to connect to
the Internet.

Stepl Enable the DNS service

Go to the Basic > Network page to enable/configure DNS server. See Figure 2-2.

Figure 2-2 DNS service interface

m Extension Trunk Mulit-site System Advance Logs Tools

Status | Network | Dialing rule = Auto-attendant | Text to voice greeting | Domain name

|

T — gﬂ%ﬁgo—,tmt — -‘Jelll:ll_—:tters (a-z), numbers (0-9) and dash (-) are allowed,
Ethernet port
MAC | 00:0E:A9:35:00:35
IP address assignment | DHCP x|
IP address  192.168.250.193
Metmask | 255.255.0.0

Gateway IP address = 192.168.2.1

Enable W
Primary server | 192.168.2.1 e.g. 202.96.209.6
Secondary server e.g. 202.96.209.133

DMNS
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Step2 Synthesizing the greeting file from text
Go to the Basic > Text to voice greeting page. Input the content of greeting in either English or
Chinese and click Start.

Figure 2-3 Interface to enter the text of greeting

-Input the content of the greeting in either English or
Chinese, and select the volume and speech speed. Click
Start. The length of the content is limited to 500 words.

Voicetype  Female in Chinese :]
Speed 5 ‘_"‘]

‘olume 5 :]

File name Content Phone listen Operation
Mon-Business hour

File name Content Phone listen Operation

Step3 Play and save the file

Figure 2-4 Interface to save the greeting files

i I E —_—_—_—

text to voice gresting

Play the voice file. Save voice files.

/ Volume 5

Save as greeting for office hours Save as greeting for non-office hours

File name Content Fhone listan Operation
MNon-Business hour

File name Content Phone listen Operation

Step4 Replacing the existing greeting file
Go to the Basic > Auto-attendant page to select the greeting file. See Figure 2-5.
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Figure 2-5 Interface to select greeting files

Auto attendant
Time schedule

O customize @ Business hours only ' Non-busingss hours only.
Monday =l to  Monday =l Cpen (HH:MM} to
Greeting  Textt

Business hours  welcome x| / Select a greeting file.

on-Business hours | offhour x|

First digit timeout
Playing greeting message 0 ;i times, waiting for 24 seconds before transferring to the attendant

Operator
Operater . 200 Fill in the extensions of operator (up to 5), separated

Call distribution _G Sequential C Circular € Simultanzous
Fress 0 ta transfer to attendant
Ringthe phone 5 ¥|times, and transfer to the attendant when the call is not answered

O Edermalcall @ All call

I Submit Refresh

Step5 Managing the greeting files
Go to the Basic > Text to voice greeting page for file management.

Figure 2-6 Interface to managing the greeting files

iz,

Status | Network | Dialing rule | Auto-asttendant | Text to voice greeting | Domain name

Input the content of the greeting in either English or
Chinese, and select the volume and speech speed. Click
Start. The length of the content is limited to 500 words.
Voicetype  Femals in Chinese x|
Speed 5 =l

Volume 5 Ii

Make changes to

Play the greetings.

Hus«lness hour
File name Gontent Fhone listen gratign
welcomel welcome 1 *§231
.Non—B_usfin_es's hour

File name Content Phane listen Operation
i Delete Edit

offhourl welcome 2 =g241

Recording the greeting file via a phone

The greeting file can be recorded directly on a phone by using the operations listed in Table 2-3. To
ensure the high quality, it is suggested to make the recording in a quiet room.

Table 2-3 Recording the greeting file on a phone

Item Operation

Recording Pick up any phone connecting to the device and press *81 to start the recording after the prompt,
and hang up the phone to finish the recording.

Listen Press *8200 to listen to the voice recording
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Iltem Operation

Save « Press *8301 and hang up the phone to replace the welcome file, or

o Press *8302 and hang up the phone to replace the off-hour file.

Play the latest « Press *8201 to listen to welcome greetings;
greeting file

o Press *8202 to listen to off-hour greetings.
Recovery Press *8300 to recover replaced voice greeting file.
A
Note

Never restart your device during recording.

Uploading a prepared greeting file to the device
Stepl Uploading the file
Go to the System > Greeting page. See Figure 2-7.

Figure 2-7 Greeting setting interface

g 12000 g 101 T 440 e e

Trunk | Extension | Greptipo L B wodimafinicoro ol 1T oll ey ed | Coobi o Louolmn | Tow LImcomming Ubnloelimg

Click Browse to select a greeting file in G.729 format, such as

userl.dat, and click Upload.

Music an hold / Submit
The size of the IR file is limited to 200K bytes for BCMU format on€ 271 butas for 5,720 format

Upload | |[ Browse... |

Delete -

Text to voice greeting

A

Note

« For G.711 voice file, the name should be in the format of userxxx.pcm, and for G.729 voice file
should be in the format of userxxx.dat, where the xxx is a string of characters.

« An audio tool such as ‘Cool Edit’ can be used to transform the voice file into other formats, like
G.711 or G.729.

« Restart the device after the uploading to take effect.

Step2 Replacing the default file with the new one
Go to the Basic > Auto-attendant page to select the greeting file. See Figure 2-5.
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2.3 Greeting Repeat

The device plays a greeting to callers of incoming call and followed by a voice menu for callers to select
the terminating party. While it waits for callers to enter the selection or enter an extension number it
replays the greeting several times. By default, the device replays the greeting three times before it directs
the calls to an operator for assistance. The greeting repeat can be set as shown in Fig. 2-8.

Go to the Basic > Auto-attendant page to set repeating times. See Figure 2-8.

Figure 2-8 Auto-attendant interface

Auto attemjant
Time schedule

o Customlze @ Elusmesshoursonly

Monday __J to  Monday __J
Greeting Text to voice greeting

Business hours
MNen-Business hours

First digit timagut

€ Non-business hours only
Open (HH:MIY

welcome x|
offhour =]

Flaying greeting message

0 |times waltingfor 24 ]seconds befare transferring to the attendant

Operator
Operator
Call distribution
Press
Ring the phone

200 Fill in the extensions of operator (up to 5), separated
@ Sequential C Circular © Simultaneous
0 to transfer to attendant

5 ;I times, and transfer to the attendant when the call is not answered

 Exernal call & &l call

Submit Refresh

2.4 Playing Greetings Depending on Business Hours

The business and off-business hours and their related greetings can be set.

Go to the Basic > Auto-attendant page to define the work schedule.
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Figure 2-9 Time schedule setting interface

Status | Network | Dialing rule | Auto-attendant | Text to voice greeting | Domain name

Auto attendant

Time schedule
@® customize O Business hours anly O Mon-business hours anly
Monday * to Friday % Open (HH:MM} 09:00 to 18:00

Greeting  Text to voice greetin
Business hours  welcoma ¥
Mon-Business hours | offhour %

First digit timeout

Flaying greeting message 0 % times, waiting for 24 seconds before fransferring to the attendant

Operator

Operator' 200 Fill in the extensions of operator (up to 5), separated

call distribution | & sequential O Circular O Simultaneous
Press | 0 to transfer to attendant
R\ﬁgiﬁe pﬁune s .V}.times‘ and transfer to the attendant when the call is not answered
"Secretary - LE= L e
@ External call O Al call

I Submit

2.5 Assigning a Designated Greeting for a Trunk

In addition to the greeting of the auto-attendant, the device can associate a dedicate greeting to a specific
trunk. When an incoming call arrives at the trunk, instead of the greeting of auto attendant the designated

greeting is played to the caller.

Go to the Trunk > Analog trunk page to select a greeting from the drop-down list. See Figure 2-10.

Figure 2-10 Greeting setting interface

a2 IO oo 0 e v S

Analog trunk | IP trunk | IP trunk registration

Input phone number

- [JEnable Phone number  [1PRDET Outbound ) [JRecording  [1CID detect

204 =] | | @ allowed O prohibit]
205 0 [ @ allowed O Prohibiy
) i
¥

I[=
1206 @ Allowed O Prohibit 1o
|

207 @ Allowed O Prohibit\ | --

o
a
g
o
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3 Settings of Extensions

3.1 Making Outbound Calls

The device provides two dialing schemes to meet users’ dial behavior:

e Making outbound call with prefix: when making an outbound call the user dials an extra digit to select
the trunk followed by the destination number;

e Making outbound call without prefix: when making an outbound call the user dials directly the
destination number.

The first scheme is the factory default, and the default prefixes are shown in Fig. 3-1. The dial scheme
and related settings can be changed.

Go to the Basic > Dialing rule page. See Figure 3-1.

Figure 3-1 Outbound calls setting interface

w Extension Trunk Multi-site System Advanced Logs Tools =

Status | Network | Dialing rule | Auto-attendant | Text to voice greeting  Domain name

Outbound Add prefix

Dialing method for outbound calls
® Usingprefix Direct outward dialing
Prefix Route Hunting I” Provide second dial Trunk
a FXO =l circular =] ¥ Se
ID =l cirgglar ~1 I3 Salact tha oythe

& &

Table 3-1 Dial scheme parameters

Item Description
Prefix Choose a Prefix for a specific route;
Route

The device can provides different routes of outbound call for user to select

o FXO: the Line port is selected to make the call to PSTN

« IP: the SIP trunk is selected to make the call to PSTN

« Route table: the route defined by routing table is used to make the call to PSTN

Hunting If there is more than one analog trunk (Line), the line selection is made according to the

following schemes.

« Sequential: the first available line on the list is selected starting from the first one

o Circular: the first available line on the list is selected beginning from the one left off last time
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~

Note

When direct outward dialing is enabled, press * before dialing another extension humber.

3.2 Hunt Group

A hunt group is a set of extensions which are organized to process specific calls. When the dial prefix of
the hunt group is dialed by the user the device terminates the call to an available extension in the hunt
group. Users can dial the prefix, such as 1 for sales and 2 for support, in both voice menu of auto
attendant and direct dialing.

Go to the Basic > Dialing rule page for hunt group setting.

Figure 3-2 Hunt group setting interface

Dialing method for outbound calls
* Using prefix ' Direct outward dialing
Prefix Route Hunting I” provide second dial ~ Trunk

9 FXO =l cireular =] 2 Select the outbound trunks
7 P =l cireular 7] I3 Select the outbound trunks

Hunting Extension
Sequential 201, 202| @
sh

I Submit

Table 3-2 Hunt group parameters

Item Description
Prefix Choose the prefix of a hunt group, like 3.
Hunting

Select a hunting scheme of the group:

« Sequential: terminate the incoming call to the first available extension in the group starting
from the first one;

« Circular: terminate the incoming call to the first available extension in the group in fixed order
beginning from the last one left off;

« Simultaneous: terminate the incoming call to all available extensions in the group
simultaneously and the first one to pick up is connected.

Extension Enter the extensions in the group, separated by a comma.

3.3 Outbound Call Barring

Each extension has an assigned privilege of making outbound call. When a user makes a call beyond its
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restriction, the device rejects the call with a voice announcement. The definitions of restriction level are
listed below.

Go to the Extension > Analog ext. page to define extension’s restriction level. See Figure 3-3.

Figure 3-3 Outbound call barring setting interface

_ ExtE"Siun ___—--

Analog ext. | IP ext. | IP ext. reqgistration | Grou

Input Ext. number

Cmo Bt ~ Account ~ Group Role Call barring Email ~ Mobile Lies
o1 _;200 __iName __Password;Nickname_ = f User | | : ’Q‘
Moz 1201 | } | = =[user =|[Pronibit &
e - . L — Intercon S
Coz |202 | | | - Fl|user =Nioal &=
o4 |203 ; | [=ljuser = &

Int'l

3.4 Group Call Pick up

The users are allowed to pick up a ringing phone of others in the same group by dialing *56. The call pick
up group can be set as follows.

Stepl Create the name of a group
Go to the Extension > Group page to hame the group.

Figure 3-4 Group setting interface

_ EXtenSIDn ___—--

Group name [[s] Group name

| software

Ne—

FEINE

Step2 Assign a group to extensions

Go to the Extension > Analog ext. page to assign a group to extensions.

Figure 3-5 Group assigning interface

I Batch I Submit
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3.5 Fax

If you have fax machines to connect to the device, please follow the steps below.
Connecting a fax machine to the device

The fax machine is connected to a Phone port on the device.

Making a fax call

Pick up the phone on the fax machine and enter the receiving party’s number or enter the prefix and
followed by the receiving party’s number, according to the dial scheme.

Fax related settings

To avoid the auto attendant, it is suggested to configure the extension as DID. That is, to bundle the line
designated to the fax with the extension which connects to the fax machine.

Go to the Advanced > Media page to enable FolP via IP trunk. See Figure 3-6.

Figure 3-6 FAX setting interface

I T et e e

Codec. PCMU/20,PCMA/20 G7294/20, PCMU/20, PCMA/20

Min. RTP port | 10010 3000~65535

Max. RTF part . 10130 3020~65535
TOSIDSCP | 0x0C 7]

Select the fax mode offered

Iin. jitter buffer = 2 0~30 (frame), default 3|

Max. jitter buffer | 50 10~250 (frame), defaull by service provider.
RTP drop 51D []

RTP destination address & From SDP global connection (@] FWC"B connection

@ 138
Jitter buffer . 250
Recdibing portfor FolP | ) Open a new port @ Use origifal voice port

ECMmode | [ Error Correction Mode
V.21 detection
Receive gain | -
Transmit gain

Packet size

Redundancy

I Submit Refresh

3.6 Soft Attendant Console

Soft attendant console provides the status of extensions and trunks, and the operators use it to transfer a
call by just making a click on the console. The soft attendant console can be assigned to the extensions as
an Operator.

Go to the Extension > Analog ext. page to assign the role of the extensions.

3-4

www.newrocktech.com



OM Series IP Telephony System Administrator Manual

Figure 3-7 Soft attendant console setting interface

Group Call barring

Name Password Nlckname . ~|[1nt! =l
201 201 ‘sam software hd | pigia| fhud
software = Int] |

software = ;I Int'l 2|

Mura The soft attendant console is a Windows-based software provided by New Rock.

3.7 Transferring an Incoming Call to an External Party

An incoming call is allowed to be transferred to an external party.

Go to the Extension > Analog ext. page to select OT. See Figure 3-8.

Figure 3-8 Outbound transfer setting interface

Qe B S S S BT S

Analog ext. | IP ext. | IP ext. registration | Group

Batch l Submit

Input Ext. number

Account Group q i i
D oi 200 /IName Password Nlckname - ;l User __"J Int'l _:l 2 @‘
oz 201 |201 201 ;sam software ;] User _:{ Intl | (=2 @'
o3 202 I . . software | »|[User =ll1ntl =l F =
M oa 1203 I . j software x|[User 5| ] =l (2 -@‘
)
Note

During an outbound transfer, two lines are used.

3.8 Other Features

The device provides dozens of features for extension users, such as call forwarding, speed dialing, color
ring back tone, call forking, recording and etc. Some of the features are enabled as factory default and
others need to be enabled by the administrator as shown in below.

Go to the Extension > Analog ext. /IP ext. page and click the icon @ to set up other features of

extension.
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Figure 3-9 Extension’s feature setting interface

Extension | FXS-1 >l Enabne W
Mumhber | 200
Call barring | Int'l ~|
[ PIr—Jnumher] [Calling'-.-w'ithF'Ir-J l_]
Account | Mame Passwaord Mickname
Group | -- j
Raole | User ;I
Ernail
Callforwarding | Close Ll
Forwarding numhber

Colorring back

Speed dial list
Hotline  Disable x| Hotline number Enable features of each
Forking number extension.
Incaming call blocking Input the reject number, and separate them
Sacretry extension \
Call monitering | ™ Call monitoring prohibit [
W CallD ¥ CID on call waiting [T Esxtension pickup ¥ Call waiting
V¥  Zall hold ¥  Calltransfer [T ©uthound transfer [T Reverse hattery
[T Permanent recarding [T Recording on demand [T Donotdistrub [T Distinctive ring

Table 3-3 Extension feature related parameters

Item Description

PIN number Using *33 & *99 to allow users to access the device with an external phone.

Calling with PIN Select it to enable the PIN on the extension. When the user needs to make outbound calls, the PIN
should be entered before the calling number.

Mobile Instead of PIN number a mobile phone number of the user can be used for auto authentication of
*33 and *99 for external access.

Call forwarding Select one of the settings of call forwarding feature:
« Disable

« Forwarding all calls to another phone
o Forwarding unanswered calls to another phone
« Forwarding all calls to voicemail

« Forwarding unanswered calls to voicemail

Forwarding Enter the destination number of forwarding calls. Depending on the outbound dial scheme a
number prefix may be required, separated from the phone number with comma.
Forking number The forking function allows the device to terminate a call simultaneously to the extension and

another terminal. Enter the phone number of the terminal to enable the feature.

3.9 Secretary Assistant

A secretary’s extension can be bundled with his or her manager’s extension so that a call to the manager
will be redirected to the secretary and further transferred to the manager’s extension by the secretary.
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Stepl Input secretary’s extension number
Enter into the manager’s extension feature page, and input secretary’s extension number.

Figure 3-10 Extesion feature interface

Extension | FxS-1 =l Enable M
Mumber 200
Call barring | Int! =l
PINnumber  Calling with PIN- T
Account | Name Password Mickname
Group | -- LI
Role | User ;l
Email
Makile
Call forwarding | Close LI
Forwarding number
Colorring back
Speed dial list
Hatline  Disable x| Hotline number

Forking number ]
Incaming call blocking Input the reje Enter the secretary’s extension to
Sacretry extension enable the feature.
Call mononng | 1 Call monitaring prohibit [
V¥ callD ¥  CID on call waiting [T Extension pickup ¥ Callwaiting
¥ Callhold ¥  Calltransfer [T outhound transfer [T Reverse hattery
[T Permanent recarding [T Recording on demand [T Do notdistrub [T Distinctive ring

Step2 Select the mode of secretary assistant
Go to the Basic > Auto-attendant page and select secretary’s pickup mode.

Figure 3-11 Auto attendant configuration interface

Auto attendant

Time schedule

© Customize @ Business hours only ' Non-busing]
Monday ¥| to Monday x| open (iH1 [ o External call: only external calls are transfered

Greeting  Text to voice greeting to the secretary_
Business hours  welcome x|

Non-Business hours  offhour =] « All call: any call is transfered to the secretary

First digit imeout first.

Flaying greeting message 0 :ltimes.waiti

Operator Note: the secretary should use explicit transfer to

et ] transfer the call to the manager.
Call distribution & gequential

Press 0 to transfer o aﬂel'danl

Ringthe phone 5 ;I times, and transfer to fhe attendant when the call is not answered

Secretary
C External call @ Al call

Submit
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4 Trunk

4.1 Direct Inward Dialing (DID)

An extension can be bundled with a trunk line which is associated with a public phone number, and the
device forwards the incoming call to the phone number to the corresponding extension.

Go to the Trunk > Analog trunk page. See Figure 4-1.

Figure 4-1 DID interface

« DID only: only the extension can make outbound calls over the trunk.

Enter the extension « Allowed: other extensions can make outbound calls over the trunk.

number.

" Enable Phone numb2 Greeting I” Recording I” CID detect
204 & alowed Cloroninit [ = i[= '
206 — e |- il
207 @ Allowed  Prohibit E O

4.2 Caller ID Detection on Line Port

Stepl Enable the caller ID detection feature.
Go to the Trunk > Analog trunk page to enable caller ID detection.

Figure 4-2 CID detect setting interface 1

bmit
Select CID detect.

I” Enable Phone number [~ PRDET [ Outbound Greeting

MNose W 204 |0 & allowed C Prohibit |- Bl O v
Cos@ [ [205 |\c @ Allowed C Prohibit |-- g O =
Fo7@ = 1208 |0 & Allowed © Prohibit |- = O =
Moze [T 207 ] & allowed C prohibt |- =] [ 2

Step2 Select caller ID standard.
Go to the System > Trunk page to configure Caller 1D detection mode.

www.newrocktech.com 4-1



Administrator Manual OM Series IP Telephony System

Figure 4-3 CID detect setting interface 2

e e e e e e e

Trunk | Extension | Greeting | Recording/Voicemail | Call record

The central office sends caller ID either

GaintolP 0(ds) x|
GaintoPSTN  -3(dB) =l
Impedance. © complx © soo¢  Should be configured accordingly.

Cutpulsing dela . .

il Note: when the device fails to detect the caller

Call ID detection mode [ After ringing B ¥

Befors ringing A

Before ringing B
After ringing A

L After nnaing B

u

before or after ringing. The caller ID detection

:Busv detection ID, different mode listed here should be tried

R t
i out.

On-time

Off-time 350 J0~Z000 (ms]

I Submit

Detect dual- frequency nusytones |

Refresh

4.3 SIP Trunk Registration to an ITSP

Stepl Configure ISTP server related settings
Go to the Trunk > IP trunk registration page. See Figure 4-4.

Figure 4-4 IP trunk registration setting interface

Registration Input information required by the

Signaling pott 5060 > service provider.
Registration serve

Registration expirq 600 15~86400 (sec), default 600
Proxy serveq localhost: 5060 e.g. 168.33.134.51:5000 or www.sipproxy.com;: 5000

Step2 Enter username and password
Go to the Trunk > IP trunk page. See Figure 4-5.

Figure 4-5 IP trunk setting interface

Enter phone number and password assigned by the service, and click Add.

Add 1 add

Submit

Step3 \Verify the registration status
After configuration, go to the Logs > Resource page to check the status of registration.
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Figure 4-6 Registration status interface

. o 8252 s el w5 e w21 e TR e

Log management | Resource | Call lo

Login User Info ==s5s

1) 192.168.250.66 1

SIP Registration Info »smss Registration of IP trunk

(Contact: <sip:413@220.248.118.53:1318>
response: 200 succeeds.
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5 Multi-site Telephony Network

Devices installed in one or multiple sites can be interconnected for the following purposes:
e Expanding the capacity of the facility;

e Making direct and free inter-site calling and making outbound call to PSTN via trunks on other
devices.

5.1 Multi-site Network with Simple Dialing Scheme

In this simple form of multi-site network, inter-site calls are made by dialing the called party’s extension
without extra prefix digits. The dialing plan of this scheme is simple and straightforward, and therefore, it
is suitable to applications in which multiple devices are stacked to expand the port capacity , and it is also
suitable to form a private network of headquarter and its branch offices. The multi-site network with
simple form requires a carefully designed numbering plan for each device to avoid potential number
conflicts.

The configuration of multi-site network with simple form includes the configurations of the device on the
managing site and the devices on regular sites. The device list of the multi-site network is maintained by
the device on the managing site, which distributes the device list to the devices on the regular sites,
illustrated as below.

The configuration on the managing site
Stepl Select multi-site network form

Go to the Multi-site page and select Simple as the scenario. See Figure 5-1.
Figure 5-1 Multi-site scenarios

Basic Extension Trunk System Advanced Logs Tools

Iulti-site scenarios [O] Simple

O complex What is a complex multi-site network?

Step2 Enable auto discovery of devices
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Figure 5-2 Auto discovery of devices

I Submit

IP address™ Area code Attendant console

Step3 Add the managing site to the device list
Click Add to enter information of the managing site.

Figure 5-3 Device list setting interface

Click Add to input relevant
information.

EIE I Delete Submit

IP address | Attendant console

Prefix |

Attendant console

Whether to select a trunk for |
outbound calling an other devices |

Table 5-1 Multi-site network parameters

Item Description

IP address IP address and port number of a device. Note: the address of the managing site must be set
on the top of the list.

Prefix The expression of the extension numbers of the device. For example, 2/3 expresses 3-digit
number started with 2.

Note: The numbering plans of devices involved in the network must be carefully examined
to avoid potential number conflicts. A number conflict is a situation in which a prefix of an
extension number on one device is identical to the prefix of an extension number on another
device.

E.g.: suppose the expressions of device A and B are 2/3 and 21/3, respectively. When the
user of device A dials 210, an extension in local, the call could be routed to device B.

Whether to select a Allow the trunks on the device to be used for outbound calling originated from other
trunk for outbound devices

calling on other devices

Area code Fill in the area codes of the device. A call to the region covered by the area codes could be

routed via the trunk of the devoce.
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Item Description

Pilot number Enter the pilot number of this device. When the IP connection is disconnected, the inter-site

calling will be routed via PSTN.

Step4 Add other devices to the list
Click Add to input information of other devices in the network.

Step5 Broadcast the device list

The managing site, which is on the top of the list, will send the latest device list to other devices
in the network.

Regular Site

Stepl Select multi-site network form
Go to the Multi-site page and select Simple. See Figure 5-1.
Step2 Enable the auto discovery
Step3 Add managing device to the list
Click Add to input relevant information of managing site. See Figure 5-3.
Step4 Add this device to the list
Click Add to input information of the device.

Step5 Get the latest device list from managing site

The managing site, which is on the top of the list, will send the latest device list to other devices
in the network.

5.2 Multi-site Network with Complex Dialing Scheme

In this scheme, special dialing digits are added at the front and the end of the destination number to avoid
potential dialing number conflict. With this form, a large scaled multi-site telephony network can be built
up, in which the numbering plan of each device can be managed independently.

5.2.1 Configuration of Managing Device

The managing device is one of the devices in the multi-site telephone network, which is responsible to
e Authenticate the devices in the network

e Maintain and broadcast the latest address information of devices

e Make change and broadcast the site prefix information

e Make change and broadcast the outbound trunk sharing information

e Response to the inquiry of the above information from other devices in the network

The procedure of configuring the managing device is illustrated below.

Stepl Input the domain name of the managing device
Go to the Basic > Domain name page. Enter IP address of managing site and click Submit.
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Figure 5-4 Domain name interface

Domain name | 192.168.250.88)| &220.248.100.68 or myom.com

Domain name is used in SIP terminal registration and multi-site appl] Enter IP address/domain name of the device. A

Selecta domain name hased on network scenario: Static |P address iS reqUired fOI’ managing Site'

Scenario 1: SIP terminals and the device are on the sam

“Fill in "Domain name” with device IP address or a stream of wwwooo.com format

Scenario 2: Some SIP terminals are registered from Internet

“SFill in “Domain name” with Internet domain name ifthe device has one
“uFill in “Domain name” with Internet address if the device has one
“Glfyou already have a DONS account, fill in the field with the DDNS demain name

I Submit

Step2 Select multi-site form
On Multi-site interface, select Complex for Multi-site scenarios, and click OK. See Figure 5-5.

Figure 5-5 Multi-site scenarios setting interface

Multi-site scenarios O Simple What is simple multi-site network?

What is a complex multi-site network?

Step3 Select the role of a managing site
Select Managing as the role and click Submit.

Figure 5-6 Role selecting interface

Selectthe role @ Ianaging What is a manaaging site?

O Regular What is a regular site?

IMake the change on the device domain name

Domain name of the device 192.168.250.88 interface.

Step4 Create the device list

Enter into the Add and update sites page. See Figure 5-7.
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Figure 5-7 Device list setting interface

Sl

Synchronization i -

securitypalicies @ | |nput information of site identities relevant to

. domain name.
List of site identities Impart E@l Export

The domain name of the deyie® site id @ Site name

192.168.250.88 Manage W Delete

192.168.250.124

Site ID must be unique.

Step5 Create or update the dialing prefix

Enter into the Change prefix of multi-site calling interface to create or change the dialing prefix.
See Figure 5-8.

Figure 5-8 Prefix setting interface

Change prefix of multi-site gamTg
Inter-site calling

[Outbound calling with flexible route . with fixed route

¢

ok The domain name and the port number will be used in configuring the device list on managing site.

Dialing prefix of inter-site calling is dialed before the extension number of the remote site. For
example, #1-11-200#, in which 1 is the prefix, 11 is the site id of the called party, and 200 is the
extension of the called party.

Dialing prefix of outbound calling is dialed ahead of the destination number. For example by dialing
#1-11-8005551212# the call to 8005551212 will be routed to PSTN through a trunk on site 11, and by
dialing #2-8005551212# the call to 8005551212 will be routed to PSTN through a trunk selected by
the managing site.

Step6 Configuration of trunk sharing
Go to Trunk sharing management interface.
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Figure 5-9 Trunk sharing interface

Enter the area codes of the

Add the devices which provide o
reachable destination of
shared trunks to PSTN.
the trunk.

TTUTTE STTag TaImMageTTeT e
i ] /
Site name / Destinamom 7

192. 168. 250. 86 v 021 = Change & Delete
192, 168,250, 124 010 - Change ¥ Delete

Add guthound trunks

List the sites which are

allowed to use the trunk.

Sites with permlssm

~

Note

Unless the site ID is dialed for the outbound call to PSTN, the device will search the allowed
outbound trunk from the top of the list.

5.2.2 Regular Site

Stepl Enter the device domain name

On the Basic > Domain name interface, enter domain name of regular sites and click Submit
seen in Figure 5-10.

Figure 5-10 Domain name setting interface

[ Domainname  192.168.250.124 }.g. 220.248.100.68 or myom.com

Domain name is used in SIP terminal registration and multi-site application

Selecta domain name based on network scenario:
Scenario 1: SIP terminals and the device are on the same LAN

%Fi” in "Domain name” with device IP address or a stream of www.oo.com format

Scenario 2: Some SIP terminals are registered from Internet

“uFill in “Domain name” with Internet domain name if the device has one
“uFill in "Domain name” with Internet address ifthe device has one
%Ifyﬂu already have a DDMNE account, fill in the field with the DDNS domain name

I Submit

~

Hose The domain name and the port number will be used in configuring the device list on

managing site.

Step2 Select scenarios of the multi-site application
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On Multi-site interface, select Complex and click OK.

Figure 5-11 Interface of multi-site scenarios

Multi-site scenarios O simple What is simple multi-site network?

What is a complex multi-site network?

Step3 Select the role
Select Regular as the role and submit. See Figure 5-12.

Figure 5-12 Interface of site role

Selectthe role O Managing What is @ managing site?

@& Regular What is 3 regular site?

IMake the change on the device damain name

Domain name ofthe device 192.168.250.124 ek

Confirm the site identification 192.168.250.124 with the administrator of the network

TN £

Step4 Enter the IP address of managing site
On the Managing site address interface, enter IP address of the managing site.

Figure 5-13 Managing site address interface

IManaging site address

l IP address ofthe managing site  192.168.250.88:5060

When configuration succeeds, the icon turns green.
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Figure 5-14 Multi-site networking status interface

Update multi-site networking
Retrieve multi-site netwaorking information

Configure managing site address
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6 Device Settings

6.1 Time

The device obtains its time from a time server in the network, and in case the time service is not available,
the timer of the device can be set manually through the Web utility.

Go to the Basic > System time page.

Figure 6-1 System time interface

Host name

Ethernet port
MAC |
IP address assignment
IF address |
Netmaak.

Gateway IP address

.Enable

System time

Status | Network | Dialing rule | Auto-attendant | Text to voice greeting | Domain name

=]

Officium10 Only letters (a-z), numbers (0-9) and dash (-) are allowed,
and must start with a letter

00:0E:A9:50:01:13
DHCP =)
192.165.250.126
255.255.0.0
192.168.2.1

Primary server & Secondary server fields
must be filled in.

[/

Currenttime
Primary server
S.econdary server |
CQuuery inter‘uél {min} |

Time zone

2011-09-08 14:29:59 YYYY-MM-DD HH:MM:55
192.43.244.18

198.60.22.240
120
(GMT+08:00) Beijing

Disabled

~

=l
I Submit

Note

If the system fails to synchronize to the time server, click Change to manually set the time.

6.2 Changing the Administrator Password

It is strongly recommended to change your password after you login the Web utility the first time.

On the Tools interface, click Change password to modify administrator password.

www.newrocktech.com
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Figure 6-2 Interface of changing password

_—_—_—— i I ;

Change
MNew password | |

I Upgrade Confirm new password |
| importdata | | submit

6.3 SIP Client Account

A SIP based voice terminal can be connected to the device, including softphone and SIP phone. After
registering to the device, the SIP terminals can communicate to other terminals connected to the device,
such as terminals on FXS ports, SIP phones, and remote terminals through analog trunks, tie trunks and
SIP trunks.

A SIP account needs to be set up on the device for each SIP terminals. The device will reject any visit
from a SIP terminal which fails in authentication.

On the Extension > IP ext. interface, click Add to register. See Figure 6-3.

Figure 6-3 IP extension interface

[Local = {Add M| Batch add
efresh

Batch Delete Submit Refres
Input Ext. number

mEn] EE el Call barring  Email Mobile

Adding IP extension in bulk

Go to the Extension > IP ext. page, and click Batch add to input relevant information.

6-2
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Figure 6-4 Adding IP extension in bulk interface

Click Batch add to fulfill relevant
information.

Batch Submit

Line 1D (Begin) Z|1 ?[

Extension number (Begin)
Number of lines
Password | ' The same as extension number  Randomly generated ¢ Same password

Account | [T Account same as extension number; Account password same as register password|

Using fixed IP

6.4 Call Recording and Voicemail

A file server is required in order to use call recording and voicemail functions. In addition, a mail server
is required if the messages of the voicemail are forwarded to the receipts through email.

Stepl Configure the file server and mail server addresses

On the System > Recording/Voicemail interface, enter relevant information of recording/mail
server.

Figure 6-5 Recording/Voicemail interface

_______

Record server
IP address | 192.168.1.92:1311

Mail server

Username | ppwang@newrocktec e.g. voicemail@sohu.com

FPassword  ese

[ IP address | 192.168.2.3 e.g. 192.168.45.32 or smij.sohu.com

VNote: Change the email address of receiving recording in- Analog extension or [P extension

I Submit Refrash

Step2 Enable the recording function of an extension

On the Extension > Analog/IP ext. interface, click the icon @ toenterinto configuration page
of extension and enable recording.
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Figure 6-6 Interface of extension features

Extension
Number
Call karring
FIM number
Account
Group

Role

FXS-1 =l Enabe M
200
Intl =
Calling with PIN- T
Name Password Mickname
-
User ;I

Email
Maohile

Call forwarding | Close Ll
Forwarding number
Colorring back
Speed dial list

Hotline | Disable LI H
Farking number Select Permanent recording to make recording to every call.

Incoming call blocking Input the reject number, and separate them with ",".

Sacretry extension

Select Recording on demand to allow the user to make

Call manitering monitaring

¥ calD @ cg recording during a call conversation by pressing *#.
M Callholg I Cy TansTer T oumooand ransier T REVErSe Danery
[l__ Fermanent rec-:nrclin} | [T Recordingon demand] [T Donotdistrub [T Distinctive ring

Step3 Fill in mail server address
Go to the Extension > Analog ext. interface, and fill in mail server address.

Figure 6-7 Interface of mail server settings

Basic Trunk Multi-site System Advanced Logs Tools
Analog ext. | IP ext. | IP ext. registration | Group
Enter e-mail address in the box of Email to m m m
SE3Eh h forward the call recording file or voicemail file to
I"'1D the user via email @(ing Email Mobile Loz
o1 : |\ 0O &
o2 201 software | x|[user =[nt1 i O &
[No3 202 software x||User =it B O & |
o4 203 software x||User =Jnet ha - =
)
Note

Users can listen and manage the voice files through the application running on the recording server.

6.5 Analog Trunk Port Settings

The parameters relate to the volume, the caller ID detection, and busy tone detection of a trunk. There is
no need to make changes to the default values, unless there is an issue with one of the functions.

Go to the System > Trunk page to configure related parameters of trunk.
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Figure 6-8 Trunk setting interface

System

During the process of dialing

Gaints P | o(dB) =] . .
GantoPSTN | -3(d8) %] out, DTMF out pulsing is
impedance | & complexC 500 0hm) € a0 lO“m/ started 600ms after hook-off.

[ outpulsing delay | 500 100~3000 (ms)] )

Call 1D detection mode
Busy detection
Repeat

Off-time
Detect dual-frequency busy tones

After ringing B ﬂ

On-time

The shorter the delay, the

higher the probability of
3 2~5 (cycle)
350 | 30~1000 (ms) missing digits on the CO side
350 . 30~2000 (ms) W|" be.
=

6.6 Analog Phone Port Settings

The parameters are provided to have better interconnection with analog phones from different vendors.
There is no need to make changes to the default values, unless there are issues with voice volume,
hook-flash and caller ID sent to the phone.

Go to the System > Extension page to configure related parameters of an analog phone port.

Figure 6-9 Analog phone port setting interface

e e e e

Gainto IP

Gamtotermma\ |

Min. hooldflash [
Max. hookflash

Haook debouncing

Call IDtransmit

o)

=
B

-3(dB)

G00(Chm) % 900 (Ohm)

| 25~780 (ms), default 75
500 80-~1400 (méj default 800
150 10~1000 (ms) default 150
FSK _’ﬂ SDMF J After ringing J With parity

I Submit

#5

6.7 DTMF

Go to the Advanced > System page to configure DTMF parameters.

www.newrocktech.com
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Figure 6-10 DTMF setting interface

RFC2833, inband, and SIP INFO are supported for
transmitting DTMF signals. When RFC2833 is
chosen, the payload type should be configured,
which is 101 by default.

DTMF method | RFC 2833 =
2833 payload type |

e N
Sending DTHF offtime | 100 DTMF detection threshold/adjust are used for

IjTMF.det.ect.ion tﬁres.ﬁold” 48
DTWF detection adjust 16 )

— DTMF reception.

6.8 Voice Media Settings

Go to the Advanced > Media page to configure media related parameters.

Figure 6-11 Media setting interface

CﬂdEC. PCMU/Z0,PCMA/20 G7294/20, PCMU/20, PCMA/20
Min. KTP port | 10010 3000~65535
Max. RTP port | 10130 3020~65535
TOSDSCP | 0x0C
lv'lln.JIl'lE!I'bLlﬁE!I" 2 0~30 (frame), default 3. Higher value results in long delay
Max. jitter buffer 50 10~250 (frame), default 50
RTP drop SID | [

RTP destination address | & From SDF global connection © From SDP media connection

@ 7138 C 130
Jitter buffer . 250 0~1000 {ms), default 250

Receibing portfor FolP | O open a new port @ Use original voice port

ECMmode | [ Error Correction Mode
.21 detection
Receive gain. -
Transmit gain
Packet size

Redundancy

I Submit

Table 6-1 Description of media parameters

ltem Description

Codec Valid values are G729A/20, PCMU/20 and PCMA/20, and multiple codecs can be
entered, separating with a comma.

Min. RTP port The lower bound of RTP transmission and receiving port. The valid range is
10010-10500.

Max. RTP port The upper bound of RTP transmission and receiving port. This value must be greater
than or equal to “2x number of lines+min. RPT port”.

TOS/DSCP This parameter specifies the priorities of media stream.
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Item Description

Min. jitter buffer Used to reduce the impact of network jitter.

Max. jitter buffer

RTP drop SID If it is selected the received RTP SID voice packets will be discarded. By default, SID

voice packets will not be dropped.

RTP destination address This parameter specifies how to obtain the IP address of the receiving side for RTP
packets. By default, the IP address is obtained “From SDP global connection”.

« From SDP global connection: obtain the IP address from SDP global connection;

« From SDP media connection: obtain the IP address from SDP media description.

6.9 SIP Related Advanced Settings

Go to the Advanced > SIP page to configure advanced SIP parameters.

Figure 6-12 SIP related advanced setting interface

Basic Extension Trunk Multi-site System Logs Tools

System | Media E_LE Routing | Encryption

/ It is recommended to use
the default values of SIP

PRACK | [ RFC3262

Sessiontimer [ rrc40zs

Request/Response configure (SIP header) parameters.
Tofield @& Subdomain name O oupound prowy
CalliDfield | & Hastname O Lofal IP address
Called party number . & From Request Line figld O Frogn Tofield
Call ferwarding using route | [
M5 These two items are used
ms | 0O

when the soft switch is IMS

based.

Access network info

6.10 Dial Number Detection and Digit Map

A digit map consists of a set of digit strings, called rules, which describe the dialing plan of the device.
During the process of collecting DTMF digits, the device matches the receiving digit string with the rules
in the digit map. The receiving process is completed when a match situation is encountered. A well
defined digit map helps to speed up the call setup.

Go to the System > Dialing page seen in Figure 6-13.
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Figure 6-13 Dialing interface

Dialing timers

First digit timer 2~60 (sec), default 12
Inter-digit timer 2~60 (sec), default 12
Critical digit timer 1~10 (sec), default 5

Dlgltmap! Digitmap
0[3-9 [30000000R

i Click the icon to display the Digit map interface.
111xx
123xx

?g;ii 0-9, *, #:The numbers {0-9) are signs * and # are the valid dialing characters

1[3-5, 8]X0000000X #:This is used to match with any numbers. For example, the » sign can match with 1 or 2

i) .This is used to match with a sub-strearm of various lengths For example, "1, " can match 11 or
[2-3,5-7 0o 123 and ete.,

8[1-9]wxxxxx T:1t is the last digit timeout. For example, ».T indicates the device continues to collect dialed
80[1-9]xc000x digits until the timeout

B00xHHAAA Defines subsets of the match character, For example, the value [1-3, 5, 7-9] indicates a value
4[1-900000 among 1,2,3,5,7,8,and 9

40[1-9]xxxxx
400K Simple dialing rule: Indicates the dialing rule that applies to any country

T #T:The device considers the end of the dialing event after a subscriber stops pressing digits
s and timeout

Ewx w4 The device considers the end of dialing event when a subscriber presses the # sign

XX
EZ

A digit map in the device is composed with up to sixty rules each with up to 32 digits, and the total length
of a digit map is limited to 2280 digits. The rules in the factory default digit map covers the dialing
patterns of feature keys, such as *30, and others. The syntax of digit map is illustrated as below.

Table 6-2 Description of Digit map

Character Description

0-9, *, # Match to specific a DTMF signal.

X Match to any 1-digit DTMF signal. E.g.: x can be matched to 1 or 2.
Match to any string of DTMF signals.

T End of collecting DTMF digits after timeout of waiting for next digit

[] Match to a set of DTMF digits. For example,[1-3, 5, 7-9] means the setof 1, 2, 3,5, 7, 8 and 9.

x.T Match to a string a DTMF string with any length, and the ending is triggered by the timeout of
waiting for the next digit

X.H# Match to a DTMF string with any length ended with #

[2-8]xxxxxXX Match to an 8-digit string starting with of any number between 2 and 8

O2XXXXXXXXX Match to an 11-digit string starting with 02

OL3XXXXXXXXX Match to a 12-digit string starting with 013

T3XXXXXXXXX Match to an 11-digit string starting with 13

11x Match to a 3-digit string starting with 11

9XXXX Match to a 5-digit string starting with 9

6.11 Feature Codes

Go to the System > Feature codes page seen in Figure 6-14.
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Figure 6-14 Feature codes interface

-——————

System feature codes 9
OueryIP address | IP address setup |

Extension numbersetup CQuery phone number | =

. IVR management @
Recording Listen
Save . .
Feature codes
Call park Unpark I
Call plckup 1 i Operater call pickup
Directed call pICKLIp . “Group pi.ci(up .
Calling authorization i Blind caI.I ire.msfe.r;
) 3-Way 1 Call monitaring
Speed prefic Recording en demand 3
Activating features @ . . .
Farking [ [ Speed dialing [
Extension lock | [ Allow call pickup [

Do not distrub | Call waiting

I Submit Refresh I Default

Sacretry extension

~

Note

Number conflicts must be avoided while making changes to feature codes.

6.12 Call Detailed Record

The device is capable to output a detailed record for each call to an external storage server. The
information of a detailed call record includes, among many, the calling party number, called party number,
the starting and the ending timestamps of a call.

The detailed call records are output to a storage server after the completion of calls, and they can be read,
searched, saved and deleted through off-line software.

Go to the System > Call record page seen in Figure 6-15.

Figure 6-15 CDR server setting interface

_______

[ IP address [
Filter | O Nane
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6.13 Selective Inbound Call Blocking

A black list of phone numbers can be set on the device to block un-wanted incoming calls.

Go to the System > Incoming call blocking page seen in Figure 6-16.

Figure 6-16 Incoming call blocking interface

_______

Incoming call blocking
ID Blocked phone numbers Blocked phone numbers
201 |

Submit Refresh

~

Note

« Up to thirty numbers can be listed.
« The device provides the busy tone if the caller is on the blocking list.
« Caller ID detection feature should be enabled for this feature to take effect.

6.14 Outbound Call Screening

During the processing of an outbound call, the device screens the received dial humber against two
screening tables, one is white list and the other is black list.

White list

An outbound call with the dial number on the list is allowed to make regardless of the outbound
restriction of the extension.

Black list
An outbound call with the dial number on the list is blocked.

Go to the Advanced > System page seen in Figure 6-17.
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Figure 6-17 Interface of call screening

DTWF method | RFC 2833 (v
2833 payload type | 101 96-127, default 100
Sending DTMF on-time | 100 20-3000 (ms), default 100
Sending DTMF offtime | 100 20-3000 (ms), default 100
DTWF detection threshold | 48 32-96 (Ml

DINMF detecionadiust | {15 (ms) Enter phone numbers separated by |.
_~
White list Jaﬁ:und calls that will never be prohibited (white list)
Black list Outbound calls that will be prohibited (black list)

Domestic

International

The local area code
Area code of analog trunks The local area code assocated with the analog trunks

Area code of IP trunks The local area code associated with the IP trunks

Submit
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7 Maintenance

7.1 Firmware Upgrading

Stepl Select the Tools > Upgrade page, seen in Figure 7-1.
Step2 Click Browse to select the upgrade package.
Step3 Click Upload to upload the package to the system.

~

Note

Please contact the supplier to obtain the latest firmware release.

Figure 7-1 Firmware upgrading interface

_—_—_—_ TDOI =

Change
I Upgrade
| Import data Upgrade

Mote: The uploaded file is in gz format,

|[ Browse... |

I Upload

TDM capture

Ethereal capture

Step4 After uploading, click Next to upgrade the system.
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Figure 7-2 Interface of upgrade firmware

Chang
Import data
Export data

Click "Next" to start the upgrade

Next Cancel

Ethereal capture

Step5 When the prompt Upgrade is successful, the system will reboot is shown up, click OK to finish
the process of upgrade.

Figure 7-3 Firmware upgrading interface

& Upgrade is successful, the system will reboot

|

7.2 System Reboot

Stepl Go to the Tools > Restart page, seen in Figure 7-4.
Step2 Click OK to restart the system.

~

Note

It takes around two minutes to restart the system.
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Figure 7-4 System restarting interface

_---—_— Too IS

Administrator password
Mew password |

S :
Confirm new password

\y Are you sure you want ko restart?

-

Lagin expire
Timenuij 600 (sec)

7.3 Export Configuration Files

Stepl Go to the Tools > Export data page seen in Figure 7-5.

Step2 Click Download to download and save files to the destination you select.

Figure 7-5 Exporting configuration files interface

_______ Too Is

Up

Import data MNote: 1. Click Download to download files.

2. The download speed is effected by network

Export data condition. Please wait patiently. It may take few
minutes when the network is busy.

3. One person is allowed to download at a time.

2

Hoxe By default, downloaded file will be named after t1.tar.gz, then t2.tar.gz and so on. Recounting begins

after restart.
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7.4 Import Configuration Files

Stepl Go to the Tools > Import data page seen in Figure 7-6.
Step2 Click Browse to select the packet, like t2.tar.gz.
Step3 Click Upload to import data, referring 7.1 Firmware Upgrading.

Figure 7-6 Importing configuration files interface

__—_—_— To = I =

Import data Import data

Export data Mote:The uploaded file is in .gz format,

Restart |[ Browss... |

I Reboot
Restore factory settings Upload

TOM capture

Ethereal capture
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8 Appendix: Registering a SIP Terminal to OM

8.1 Softphone

CounterPath’s SIP-based softphone X-Lite 3.0 is used to illustrate the configuration steps.
Stepl Create an account for the softphone

Go to the Extension > IP ext. page and enter the extension number and registration password.

Figure 8-1 Account creating interface

Analog ext. | IP ext. | IP ext. registration | Group

.-'-\dd | Batch add

I Batch Delete Submit Refresh

| Ext paszE\ford Account Group Role Call barring Email Mobile ot
Foi (216 210 Name Password MNickname | - M| User [Local e F =

Step2 Logon to the Web configuration page of X-Lite

Enter into the SIP configuration page. Click the button Add... popping up an interface of
Properties of Account.
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Figure 8-2 X-Lite login interface

SIP Accounts x|
| Enabled Domain |=ername Display Mame
(2] ;
i =) Remove
Properties of Accountl Iﬁ :
Properties...
Account |‘.l’-:nicemail I Topology | Presence I Adwanced . !
Make Default
User Details | Make Default |
Display Mame
User name
Password
Authorization user name ;
-

Step3 Input registration information of the softphone
Click Account and fill out the fields shown in Fig.8-3.
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Figure 8-3 X-Lite registration interface

- !
Properties of Accountl ﬁ

heoount |‘."l:-i|:email I Topology | Fresence I fdvanced |

Ilzer Detailz
Display Name 210 )
User name 210
Password *rx
Authorization user name &m )
Darmain 192,168, 250,97: 5060
N\
ﬁ':'ma"-' Rroy \ Input the IP address of
| Register with domain apd receive incoming calls
[iReg : - OM followed by default
5eru:_| outbound via: port number 5060.
() domain
) proxy Addres
k @ target domain j
Dialing plan | #1'\a\a.T;match=1;prestrip=2;

8.2 SIP Phone

Take a SIP phone from Escene Communication as an example to illustrate the setting steps.

Stepl Assign extension number
Go to the Extension > IP ext. page to enter extension number and registration password. See
Figure 8-1.

Step2 Configure SIP phone
Enter IP address of SIP phone to login the configuration interface.
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Figure 8-4 SIP phone configuration interface

SIp
Enable: W
Account Mode: [VOIP =] Enter IP extension
Display Hameﬂzlﬂ A | number and password.
Username] [210 V
Authenticate Name] [210
F'ass-m‘-:url:l_klua )
Label: | |
SIP Serverf 192. 168, 1. 975060
Input IP address of
Secondary server | | OM followed by
CuthoundProxy Server \|1‘32- 163. lgTEUEEJ\ default port number
MAT Traversal: [Disable ¥| 5060.
STUN Server: | |
Register Method: & gip © TEL
Subscribe Period: Default: 26005, Min: 20s
Reaqister Expire Time: Default: 26005, Min: 40s
SIP Transport. & UDP © TCP
~
Note

« While configuring IP extension, please enable G.729 codec and select the same DTMF
transmission mode written on interface of Advanced > System.

« After configuration, go to the Basic > Status page to check the status of IP extension.
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