TN
ATCOM

Figure: ATCOM IPPBX IP04

ATCOM® IPPBX IP04
Product Guide

Version: 1.0
201005-10



ATCOM

Content
(610 N 1 O A 0@ ] PSSP SP 3
CHAPTER THE INTRODUCTION KB4 ........tiiieiiiieeeetiiee et ee ettt eme st e s snbaeeesnneeee e 4
CHAPTER 2 ACCESSHB IPOA......coi ittt ettt ettt ettt e et e et e st ame e 7
2. 1WEBPAGEACCESS BBROWSER ... utttteesitiieeeessiiieeeesssntieeesssnsneeeessssssnesesssnsseesessssseesessssssnnesssssoedd
A A el el T 2 7 PR PRR 8
2.3ACCESS BROWSER WITALLBACKPADDRESS. ....cceiiiiiiieeiiiititeessniiieeeessiieeeessnebeeessssnnreeesssnnees 9
2.4CONSOLBORTACCESBOIPOA. ... itiiee ettt ettt sttt e e et e e e s sttt e e e s snbe e e e e s snbraeeeeeane 9
CHAPTER 3 CONFIGURRE BY WEB GUL.....ccciiiiieiiiiie ittt 11
B L S  STENBIATUS ...ttt s s e e e e e e et e ettt ettt eeee e ee e e eb s s e e e e e e e e e e e eeeeeeeeeeenennbnbnbnbbn e a e e e as 11
3.2 CONFIGURBEARDWARE. ... s et e s e e e e e aeaeeeeeeeeesessssessbs b a e s e s e e eeeeeeeaeeeeeeeeeeeannnnrnnnsnnnnns 11
BLBTRUNKS. ..ot ieee ettt ettt s e s e e e e e e e e e e e e e e e eeeeeeeees e eebeEa b e R e e e e e e e e e eeeee e et eeeeeeeeennrrnnnnnnns 11
3.3.1 Create ANAlOg TrUNKS ....cooi i e e e e e e e e e e e e e e e e e e e e e e e ee e e s 12
3.3.2 VOIP TIUNKS. ...ttt ettt e e e e e e s bbb e e e et e e e e e e e e e aannnnnneeee 13
3.4 OUTGOINGALLINGRULES. .. ceeteeetetettttitiniassas s e e e e e e e eeeeaeeeeeeeeesessssasasaaaaaaaasaeaeaaeaeaeenneennnnnnnnnns 13
B O D AL PLANS. .ottt e e ettt e e e e e r e r e e e e e e e e e e e e aaaaeaeeeaennrns 15
BuBUSERS ...ttt e e e e e e e e ee ettt e e et ee e e aEnn et et e e e e e e e eeaeaeneneennrnre 15
3.6.1 Create SIP/IAX USEL.. ...ttt ettt e e e e e e e st e e e e e e eaaaeens 15
3.6.2 Create ANAlOG USEL.....ccco oo e e e e e e e e e e e e e e e e e 16
B T RINGGROUPS. ...ttt e e e e e e e e e et e ettt e eees e eebebe bbb b e s e s e e e e e e e e e eeaeaeaaereranns 18
B B CALLQUEUES. ..ttt ettt e ettt e e ettt e e et e e e e et et e e et e et e e e e e ettt et e et e e e e e et e e e eerrr s 19
BLOVOICHVMIENUS. ..ttt ettt e s e e e e et et e ettt et et e e esee bbbt et a e e e e e e e e e e e eeaeaeeaeaeaes 20
B L0 TIMEINTERVALS ..ttt e et ettt e et e ettt s e e e e e e e e e e e e e et et e e e e e eeae e b e e e aea e e e e e e eeeeeeas 21
3. 11INCOMINGIALLINGRULES. .....citiiietetetteeeeeete s s s e e e e e e e e e e e e e e e e e eeeessebebnbe bbb s e e e e e e e eaeeeeas 22
T A o] [o1 = Y 7Y PP PPPRRI 23
3. L3 CONFERENCING ... ttteeeeeeeeteteteteteeeteat et e s e s e e e e e e e e aete ettt eeeeeeeeseeb e be b b e se s e e e e e e e e aaaaeaaeeas 25
B AFOLLOWME. ..ottt e et e ettt e e e e et b e b E bbb e e e e e e e e e e aaaeaaeaeaenes 26
3. 15VOICHAILGROUPS .....cciiieieieiieete ettt e e e e e e e e e e e e e et e ettt eeete b e ba b e e e s e e e e e e e aaaeeeeeeeeennnnnnnnes 28
3. 1OVOICHVIENUPROMPTS . ...t iiiiiiieteeeee ettt s s e e e e e e e e e e e e e e ettt et eeeeeese s b e be bbb e e e e e e e e eeeeeeas 28
07 SV STEMINFOL. ..ttt et e et ettt e e et e et et et te b ettt s o e s e e e e e e e te e ettt e et e e eeee bbbt ek e e e e e e e e e e e aeaeaaeaeaaaes 30
B LBBACKUP.....cttttete e e et et e e et et ettt e ettt ettt e e e oo e e e e e e e e e et et e eeee et b e rrnnbrnbn b n e e e as 32
S LOACTIVETHANNELS. .ot oottt ettt e s oo oo oo e e a2 e e ettt e e e e e e ee e eebebe bbb e e e e e e e e e e e aaaeaeaees 33
4010 S H o] N T PP PP PP PPPTTPTRTR 33
.21 ASTERISHOGS. ... ettt et oo e e e e e et ettt ettt et et e e e e e e e e e e e eeeeeeeeeenrernre 36
B.22BULKADD. ... teteeeitttteeeeeitaeeeesaastteee e e e astaeeaeeastbeeeeeaa s ba e e e e e aRtteeee e e Ebeeeeeeaanbaeaeeeantaeeeeeantrreaeanans 37
.23 FLEEDITOR .ttt et et oo e e e e ettt e ettt et ettt e e e e e e et et ettt e eeeeeenerrrrnbanans 37
BL24ASTERISEBLL. ...ttt ettt a e e e e e e e aaaaeaaaes 38
3. 25 INETWORETTINGS ...t iiiiiitieiittieittttt e s e e e e e e e e e e e aeeeeeeeeeaeabebababab e asae e e e e eeaaaeeeeeeeeenennnrnrns 39
3. 2O RMWARBIPDATE . ... e e e e e e e e e e e e aeeeeeeeeeeeeeteebebebab s aa e e e e e e e e e aeeaeeeteteeeeeeeanebbbnbnnnn e e as 40
3.26.1 Download the Latest Firmware File and Set up TFTP Server.......cccccccceiieeiniinns 40

www.atcom.cn 1



3.26.2 Update for IPO4 from WED Page.......cccuuviiiiiiiieecee e cecitieeee e e e s e e 40
3.27CALLDETAIRECORDS. ... tveesuteeesstiresteeassstesessesesssesssssesesssnnesssseesssssessssesesssesssnsneesssneesnsenes 41
CHAPTER 4 AN APPIMN CASE OF IPO4.....cooie et cteeee et tee s nimee e snan e e sneae e d 42
4.1How TOMAKEINTERNACALLS THROUGIROA. ........vveeiiieeciieesiiee e sieeesieeesineesnneesnnnnessnnneennene s 43
4.1.1 Access to the Web PageRB4 by BrOWSEL............ccoocciviiiiiiiiriiiee e ccsiinieeeeeneeeee A3
4.1.2 Add up Users from Web Page of IPO4...........cciiiiiiiieeeeeee e 43
4.1.3 Register a SIP user 6001 iN ATBL0........uuuiiiiiieeeeeeee e e e e e s e e e e e 45
4.2How TOMAKE ACALL TAUTSIDE THROUBIS TN ....ccuvieeieiieeciieesieeesstee e see e sitee e sneeeesnaee e sneee e 46
4.2.1 Create an ANAlOg TrUNK. ... e e et e e e e e s e s s s s e e e e e e e e s e s ennrnnnnnneesd 46
4.2.2Create an Outgoing Calling RUIE...........cooeiiiiiiier e a7
4.2.3 Create @ Diall PIAN........ccuuiiiiiiiiie et 47
4.2.4 CrEALE @ USRI .....iiiiieiiiiiii ittt e e e e e e e e e et 48
4.3HOW TOGET ANNCOMINGCALL FROM OUTSIDE ....ceeieieieieeeeenenernnninnnasaaseseeeeseeeesessnsennssssnnnnnnesd A8
4.3.1 Create an ANAIOQ TIUNK. .......oevuieieiiiiiires e s i e e e e e e e e e e e e e e e e e e e erear e e s e s e aaaeaaesd 48
4.3.2 Create an Incomir@alling RUIE...........cooo e 48
4.3.3 Create @ VOICE MEIMLL......ccciiiiiiiitie ettt ettt e e e e e e e e e s s bbb e e e e e e aeeeeaesaaannes 48
4.4How TOCALLEACHOTHERDIRECTLY FRANMFFERENYETWORKEGMENT. .....ceiiiiieveeeeeeeeeeeeeeenn s 49
4.5HOW TOCALL THROUGHDIPTRUNK: ....ce e e e ee e ee ettt e e e e e e e e e e e e eeeeeenennenennnenan 52
4.5.1 Call from [P0O4 10 IPOB........oeeiiuiieiiiie et e sttt e see st e st e e staeaessaeeestaeesssaaeessaeeeassaeeans 52
4.5.2Call from IPO8 0 IPO4........eeie i ettt ettt et e st e e sae e e stae e e snteeessaeeeeenaeeans 55
4.6 How TOTRANSFERLES BETWEMMNDOWSPCANDIPOA..... .o 57
CHAPTER 5 REFERENGCE........ccciitiitiiesieie e stte ettt ste e ste s smsae e stae e snteesnteesnteesnsesmesnseesnseesnneenn 59

www.atcom.cn 2



ATCOM

Contact ATCOM

The Introduction of ACOM

Founded in 1998 ATCOM technology has been always endeavoring in the R&D and
manufacturing of the internet communication termin@tge product line of ATCOMincludes IP
Phone USB PhonelP PBX, VoIP gateway and Asterisk Card.

Contact @les:

Address A2F , Block 3 ,Huangguan Technology Park , #21 TaifAR®, Chegongmiao
Futian District , Shenzhen China

Tel +(86)75523487618

Fax +(86)75523485319

E-mail sales@atcomemail.com

Contact Technical Support:

Tel

+(86)75523481119

E-mail

Support@atcomemail.com

Website Aldress: http://www.atcom.cn/

ATCOM Wiki Website http:/immww.openippbx.org/index.php2title=Main Page

Download Centenmttp:/imvww.atcom.cn/download.html
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Chapter 1 the Introduction of IP0O4

Overview of thelP04

The IP04is a complete Asterisk Appliance with fosingle port FXO or FXS module It is an
embedded open source Linux system with BoilBIP/IAX2 proxy serverand NAT eature. It
provdes a solid, uniform platfon for traditional PSTN communications as well as VolP
communications.

Targeting for SOHO user and SMB market with an easy to use graphical inté?fatgrovides a
costsaving solution on their telecommunication/data needs. Witld, company with braric
offices in different countries can be easily combined together to work like a virtual single office
throughinternet.

Features

Open Source Asterisk IP PBX

High performance OSLEC (Open Source Line Echo Canceller)
Configurable IVR menu

Voice Mail, Voicemal to Email

Call forward,Call waiting, Call transfer
Call conference

Call queuesRing group

SIPtrunk, IAX trunk, PSTN analog trunk
Call Detail Record

Access v SSH/telnet/web

Firmware upgradable via wedage

50+ availableSIPIIAX2 extensions

20 concurent calls

Applications

SOHO/SMB telephony system
Hosted service

FAX terminal

IVR system

Interface

1* RJ45 port

1* Power port

1* MMC/SD slot

4* RJ11 port (FXS/FXO interchangeable)
4 * Singleport FXO/FXS module slot

www.atcom.cn 4
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Hardware

CPU: 400MHz Blackfin 53 Chip
Fouranalog (FXO/FXS) module interface.
NAND flash 256 MB

SDRAM 64MB

System

Open Source uClinux

Measurementand Weight

Inner box 225 * 120 * 30mm

G.W./unit 0.765KG

Carton MEAS 456 * 442 * 362 mm

Units per Carton 21 units/ CTN

G.W./CTN 18 KG/CTN
Package

Item Quantity

IPO4 1

RS232 module 1

Power Adapter 1

Manual (disk) 1

www.atcom.cn
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For the usage dP04in \VoIP field, you can refer to the following network topology.

Internet

Rouéer Roufter

Headquarter Branch Office

AT-610 AG[I8 AT-620
8
h

Analog Phone
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Chapter 2 Access to thdP04

You need a P@ access to th#04, there are fouways for you ® access thi>04

1. Web page access by brsav

2. SSH access by putty

3. Access by browser with Fallback IP Address

4. Console port access by RS232 console cable

In order toaccess tdP04 by the first threeways, yu have to check that if your network
connection betweel?04and PC is OK. If you do not have network connection betie@sand
PC, you can try to use the lagay to access t’04and change the IP address foiOf

2.1 WebPage Access by Browser

It is the most convenient and common way to acces® 0 you just need to open your browser
and input the IP address 5104 WAN port (the default IP addss is 192.168.1.100). You would
better use Firefox instead of IE, becatisre ar&eompatibleissues.

Then input the default Ussame: admin; Passworditcom (the password of old version is

mysecret)n the presented screen like the following:

//—-——\
ATCOM
¥elcome to YoIPtel CE

Please login

Asterisk™ Confisuraticn Engine

Uzername:

Paszword:

Login

Whenyou login successfully, you can get the égufation web page as below:

Apply Changes ﬂ Logout

7 VolPtel

Uptime : 04:14:57 up 10 min, load average: 0.04, 0.06, 0.02
Trunks

Port/Hostname/ TP

www.atcom.cn 7
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2.2 SSH Access by Putty

Logging intolP04by SSH, you can configui®04 by Linux command.

1) Please pen your putty software, and input tHe04 IP address in thélost Name textbox,
input port number in thBort textbox, click theSSHConnection type, then cliaipen button.
Please refeto the following screen:

ﬂ PuTTY Configuration

Categony:
= Session B asic options for wour PuTTY session

L.Dgglng Specify the destination you want to connect ko
=I- Terminal

Host Mame [or IP address) Part
K.epboard
Bel 192.1658.1.100 22

Features Connection bype;
= window i Baw (O Telnet (O Rlogin &3 55H O Senial
Appearance

Behawviour ]
Translatian Saved Sessionz

Load, zave or delete a stored zession

Selection
Colours
=~ Connection
Data Cave
Py =
Telnet Delete
Rlagin
+- 55H
Sernal

Default Settings Load

Cloze window on exit;
) ahwaps () Never

(%) Orly on clean exit

Co= )|

2) Please mputusernameroot, andthe default password: 12xerXésin the following screen,
you can access t804 successfully.

Cancel

192 168. 1. 100 ~ PulTY

www.atcom.cn 8
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Whenyou log intolP04 successfully, you can get the following illustration:

£ 182, 168. 1. 100 — PulIY

log root

g.1.100's password:

He 09-11-26 14:07:05 C23T) Built-in shell (msh)
'help' for list of built-in commands.

root:i~> I

2.3 Access by Bowser with Fallback IP Address

This way only be supported by the latest versiaiptel_ce _ip040.3.6 of IPO4. If you forget the

IP Address ofiP04 you have set up, you can use the fallback IP AddrEs2:31.255.2580.

Before logging intdP04, please deup the IP Address of your PC: 172.31.255.253 and SubMask:
255.255.255.252. At last, you can open your browser and enter:172.31.255.254 to log into the web
page oflP04.

2.4 ConsolePort Accessto IP04

If you do not have network connection betwéBf4 and PC, you can try to accessIR04 by

console portPlease try to do as the following steps:

1. Please connect the console pori04to your P@ console port with RS232 console cable
you canrefer to the following illustration:

www.atcom.cn 9



2. Please run your Hypérerminal, and saip the console port like the following:

Bits per secondl15200

Data bits : 8

Parity: None

Stop bits: 1

Flow control: None
3. Change the IRddresshy Hyper Terminal
The default IPaddressof IP-04 is 192.168.1.100. Your network maave a different IRddress
range such a$92.168.10.xx. In thisituation youcan not access 18-04 by putty and browsef
you do not change the 4B IP addressSo you have tahange théP addresdgor IP-04 by Hyper
Terminalto make it in the saenetwork segment as your LAN.
After you have accessed to-0B by Hyper Terminal, please use the following command to
change the IP address for0R.
root:~> ifconfig eth0192.168.1.15(he IP address you want to set for |F04)
By this way, the IP addssyou set for IP04 is temporaryijt will recover to the original default 1P
address after rebadng. If you want to give a static and permanent IP address f064,Ijou can
try to set it in web GUI, for detadteps please refer to chapter 3

]
www.atcom.cn 10
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Chapter 3 Configure IP04 by Web GUI

3.1 System Status

In the system status screen, it displays the functions you configured, such as: trunks, extensions,
conference and so dike the following screen:

7| Logaut I

P
ATCOM

Uptime : 05:17:03 up 2 min, load average: 0.18, 0.08, 0.02
Flease click on a panel to

Trunk
manage related features runes

Status Trunk Type Username Port/Hostname/IP
Unregistersd siptrunkl sp 6035 192.188.1.20
trunk2 Analog Ports 2

Agents
6001 6002 6003 6005

i Eeef 2o

Conference Rooms
6300
Hot in use

Extensions

@ busy @ Univailable

Name/Label

SIP/IAX User
ssages : 0/00 SIP User

@ sooz 002
ssages : 0/0 SIP User

@ 5003 6003
6004

FE T

ssages : 0/0 snalog User (Port 3)

3.2 ConfigureHardware

In the configure hardware page,includes the following components: analog hardware, tone
region, advanced settings.

AnalogHardware

When you bot thelP04, which will detect the FXO and FXS modules automatically, the analog
hardware component displays the modules which are detectedtbo

ToneRegion

You should select the tone region according t
name in the dropdown list, please ask your service operator which kindeofempion is used in

yourarea

3.3Trunks

To receivecalls fran PSTNand make calls to the outside world, you have to use tiRlakse
select theTrunks option from the vertical menu aheleft of the main pagethen you can get the
following screen:

1
www.atcom.cn 11
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Nanage Analog trunks N

Analog Trunks Service Providers VOIP Trunks T1E1BRI Trunks

Trunks are outbound lines 4 Hew fnalog Trunk

used to allow the system to
make calls to the real world.
Trunks can be %olP lines ar
traditional telephony lines.

No inalog Trunks Defined.

3.3.1Create Analog Trunks

Andog trunk is associated with FX@ort, and it will call outside by PSTN lin€lick on New
Analog Trunk in theillustrationabove, the popip <reen is where you create and setrupk.

Channels: [v]2

Trunk Name @ D trunk?

CallerID -

Normally wou should not have to adjust wyour analog ports beyond the initial Port 2
calibration. Should wou =till need to fine tune wour audio settingsz, please
uze the adjustments at the right:

Advanced Options

Busy Detection @ : Buay Count @ : 3
Fing Timeout @ B 000
Answer on Ho & Hangup on Ho W
Polaritw Switch (D 8 Polarity Switch (D 8
Call Progress @ 3 Ho % Progress Ione @ 3
Use CallerID 6] B Caller ID Start @ B
CallerId @ : [ As Received @8 Pulse Dial @ :
CID Signalling @ : |DTMF (Denmark, Sweden, Holland) + | mailbox :
Flash Timing @ : 750 Receive Flash Timing @ : 1250

@Cancel | ] Update |

Therearemany parameters for you to set ujyst set the following two parameters:
Channelssekct the FXOport you want to uséderel use the port 2.

Trunk Name: a unique label to help you identify the trunk when listed in outgoing calling rules

and incoming calling rulesierel use the trunk2 as my trunk name.

For the advancedptions, you canuyg your cursoon the @ label, you can get the information

of the parameter, custonsdraveto set these parameters according to your service provider and

your need.

www.atcom.cn 12
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3.3.2VoIP Trunks

A VolIP service provider (VSP) that you have signed up with is alsomk. ¥ia the VoIP trunk you

can dial via tha/olP service to reducgour cost when making international callsou can set up

the VoIP trunk to make calls to the PSTN or other VoIP network depends on the service you use.
You can also use the VoIP trunk iiokl headquarter and branch offices for free internal calls.

Click on New SIP/IAX Trunk , the fdlowing screen is where you create and set up VoIP trunk

Tvpe: |SIF w
Provider Name ':-D: siptrunkl
Hostname : 192, 16R8.1.213
Uszername : 500
Fromuser :
Fromdomain :
Pazgword @ G500

Contact Ext.:

Inzecure Type: |very @®

©Cancel | [ 4dd |

The important parameters are:

Type: You can sele@IPor IAX type to meeyour need.

Provide Namea unique label to help you identify the trunk when listed in outgoing calling rules
and incoming calling rules.

Hostnamethe IP address or domain name of your service praiderver.

Username: the username that your service provider configured.

Passwordthe password thaour service provider configured for the user.

3.4 Qutgoing Calling Rules

Outgang calling rules is used to route an outgoing call, when you malextamalcall, which
trunk andwhatdial-patternthe call used@reconfigured in outgoig calling rulesPlease select the
Outgoing Calling Rules option from the vertical menutloaleft of the main pagethen you can
get the following screen:

www.atcom.cn 13
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Eanage Calling Rules W

+ Fen Calling Fule | |Restore Defanlt Calling Rules|

E alling Rules

Calling Rules define dialing fn owtgoing calling rule pairs an extension pattern with a trunk used to dial the pattern. This allows differsut patterns to be dialed through different trurks

permissions and routing (e.z. "local” i-digit dials through a PRI but "long distance” L0-digit dials through a low-cost SIP trunk). You can optionally set a failover trunk to use when

tules the primary trunk fails. Note that this panel manages only individual cutgoing call rules. See the Dial Plans section to associate multiple outzoing calling
rules to be used for User outbound dialing.

| o CallingRules defined !!

Click on New Calling Rule button onthe illustration abovethe following screen is where you
create and set up outgoing calling rule:

Calling Fule Name ® : outgolingl

Pattern ® ;. _2E.

— [ Send to Local Destination @

Deztination : | v

— Send thiz call through trunk:

Use Truk @

Strip (D 1  digits from front

and Prepend these digits (D before dialing

— [ Use Failtwer Trurk @ R

fail owver Trunk (D |:|

Strip (D digitz from front

and Prepend thesze digits (D before dialing

IS;I Cancel | ] Save |

Theimportant parameteilsconfigured are below:
Calling Rule Name a unique label to help you identify the outgoing calling rule miigted in
dial plans] use outgoingl as the calling rule name here.
Pattern: it acts like a filter for marching numbers you dialed, Heset up _2X., it means any
number you dial out with prefix 2 will use this outgoing call rule.
Use Trunk: select the trunk for outgoing calling rule, heeelect the trunk2set up before.
Strip : | press 1 here, it will strip the firdigit of the number string you dialed.

You can get the detail information about every simggeameter by putting your cursam the @

label.
At last, please click oBavebutton, and click ol\pply Changesbutton n up right corner of the
main page.
The way of outgoing calling rules works:
Every time you dial a number, asterisk will do the following in strict order:
Examine the number you déal.
Compare the number with the pattern that you have defineduinfiyst outgoing ruleand if

www.atcom.cn 14
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matches, it will initiate the call using thaunk. If it does not match,tiwill compare the
number with the patta thatyou have defineth the second outgoing ruénd so on.
Pass the number to the appropriate trininake the call.

3.5Dial Plans

A DialPlan is a set of Calling Ruldbat can be assigned to one or more usdesse select the
Dial Plans option from the vertical menu otie left of the main pagethen you can get the
following screen:

4 Few DialPlan

4 Dial Plan is a collection of Outgaing Call Rules . Dial Plans are assigned to Users to specify the dialing pernissions they have. For exanple, you might have
calling that only permits users of that Dial Plan to dial local rumbers,
permitted to dizl long distance rumbers, and so would have 2 Dial Plan that includes both the “local” and “lomgdistance” outgoing calling rules.

one Dial Plan for local wvia the “local’ outgoing calling rule. Another user may be

A DialPlan is a sat of
Calling Rules' that can be
assigned 1o ane or more

S | ¥o DialPlans defined |1 ‘

Click on New DialPlan button ontheillustration abovethefollowing screen is where you create
and set uglial plan

DialPlan Name: DialPlanl
Include Qutgoing Calling Fules: nutgningl

Include Local Contexts: [¥]defanlt parkedcalls Ml conferences r1nggroups [“lvoicemerus queues vo1cema11groups d1rectory

©Cancel | | Save

DialPlan Name a unique label to help you identify the dial plan when ligtedser component,
you have to set up a dial plan name and selecomggall rule and local context that you want to
use.

3.6 Users

Userscomponenis used to addr remove AnalogSIP, IAX extension Please select thEsers
option from the vertical menu dheleft, then you can get the following screen:

User Extensions on PBE W

ed Users | | Delete Selected Users ‘

shortcut for
quickly adding and removing
all the necessary
configuration components
for any new phane.

3.6.1Create SIP/IAX User

Click on Create New User button onthe illustration above, théollowing screen is where you
create and set up user:

www.atcom.cn 15
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General
Extension: 6001 ® Name: 6001 ® DialPlan: @
CallerlD: 6001 @ outBound CallerD- @

V¥  Enable Voicemail for this User @
VoiceMail Access PIN code: (D Mailbox: 001 @ Email Address: @

Technology

¥ sip @ I j&# @ Analog Station: @ flash @- 750 refiash @- 1250
Codec Preference : First : Second :| G3M V|Third :| Mone V| Fourth :| Mone V| Fifth :| Mone V|

VolP Settings
MAC Address - @ Line Number @ SIP/AX Password: @
NAT: ¥ @ Can Reimite: I~ @ DTMF Mode: @ insecure: ®

Other Options
[ 3-Way Calling @ m Directory @ I cal Waiting Oricn®w s Agent @

™ Enable Call Record @ Pickup Group:

® cancel | | update |

In Generalcomponent you have to et up Extension, CallerID, NameQutBound CallerID
parameters, andghoose a DialPlarior the extensionsHere | set up user 60 and select
DialPlanl for the user.

| selectEnable Voicemail for this User option so the user hasicemailfunction.

In the Technologycomponentyou have teselectSIP or IAX. Herel want to configure a SIP user
sol selectSIP. For the Codec Preference, only the first two types of code you set are available.
In the Other Options component| selectls Agent which will be listed in Call Queues as a
selectable member for call queue.

At last, please click obpdate button, and click o\pply Changesbutton in up right corner of
the main page.

3.6.2Create Analog User

Click on Create New User button, thefollowing screen is where you create and set up user:

]
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In the Generatomponentyou have to setup Extension, @alD, Name, OutBound CallerID
parameters, and choose a dialplan for the pHda| set up user 6@&) and select DialPlanl for
the user.

| selectEnable Voicemail for this User option so the user hasicemailfunction.

In the Technologycomponet you have to select the port in which the analog phone will be
plugged from the droown list of Analog Station | selectEnable Voicemail for this User
option, so the user hawmicemailfunction.

In the Other Options component| selectls Agent which will be listed in Call Queues as a
selectable member for call queue.

At last, please click obpdate button, and click o\pply Changesbutton in up right corner of
the main page.

Attension: inthe textbox of Extensionthe value you set is limited to a rangeu can adjust the
range in the following screen to meet your requirenféleise select th®ptions option from the
vertical menu ortheleft, then you can get the following screen:

|
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