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1. Introduce

This Article

This article ismapplicationguide to usdP-XXand ATCOM products to build a simple application
on small office application. Through this article, we hope that remdan build the IP P8
solution via IPXXfor small enterpriseThe IRPXX series PBXs include IP01, IPO4 and IP08
so far, since tky havealmost same software and structure so we will use IP04 as
the demo unit on this article. Same method and user method are available for the
IPO1 and IP0O8 also.

IPO1, IPO4 and P08

The IRXX series PBXse open source embedded IP PBX systefilneyrun uClinux and Asterisk
andsupport rich IP PBX features. They hhigeadvantagson its inherent open sourcsoftware
structureand ultra low power consumption ( <5 watt in idle state, environment friendly).

Below are the difference between the IPORP4 and IP08 platform.

Model No. RJ45 TEL Ports RS232 Port Others Size(mm)

IP-01 1 1 x fxoffxs 1 fix RS232 port -- 100 x 100 x 28
IP-04 1 4 x fxolfxs 1 RS232 module MMC 225 x 120 x 30
IP-08 2 8 x fxolfxs 1 RS232 module MMC,USB 225 x 120 x 30

Hardware Information:
The IP01, IP04 and IP08 use the same CPU, SDRAM and Flash. Their specs are:

CPU: 400M Blackfin Chip

SDRAM: 64M

Flash: 256M (the kernel, application are stocked in the 256M flash memory)
BAPS

BAPS stands for Blackfin Asterisk Package System. Software in Baps system is installed on run
time rather than build time. Basically we only need to maintain a kernel with basic functions
installed. Different applications (zaptel, asterisk, ntp .etc) arét b different packages and
maintain in a remote serveWe only need to use some simple commatikie:

root:~> ipkg install PACKAGE_NAMEo install the needed package

root:~> ipkg remove PACKAGE_NANtEremove the useless package

root.~> ipkg update to check the up to date package list

1.1RelatedHardwareand software

IPO4 IP PR Open source IP PBX, support four interchangeable FXO/FXS ports.
AX110S: FXS modulef IP04

AX110X: FXO module aP04

AT-530: Stand along IP phone, can tenfigured as SIP/IAX2 extensions.
X-lite: Softphone run on the PC, can be configured as SIP extensions

5/40



www.atcom.cn

Normal phone:  (onnect tolP04 act as ZAP extensions.
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1.2System set up

Simple structure for small enterprise

VolPBuster Service
WolP service provider

Adalog Service provider

P~ Two PSTN Lines
{port],2)
A
N

Mormal Phone
Zap Extension:#569

WAN 1P 0. 134,
Linksys Router

'.-‘ TP 192.168,1.1
~ —t Local Arep Netvrork ]

Mormal Phone 104
192 168.1.100
Zap Extension:8049 LANIP; 192.168.1.100
C i C i |

ATSE3) TP Phone ATS30 TP Phone
SIP Extension: 8047 SIP Extension: 8469

Working PC. With x-lite installed,
SIP Extension: BR06

Following devices are udén the structure:

1. P04 with 2 FXO 2 FXS podded Port 1 and Port2 are configured to FXO ports. Port 3 and

port 4 are configured as FXS port. The FXO port is used to connect to PSTN while FXS port is used
to connect to your normal phone.

2:  Normal phone:iconnectto the IPO4FXS ports.

3:  WorkingPC xite runs on this computer act as a sip extension.

4. AT530 IP phone, register i#04to act to as SIP or IAX2 extension.

We want to provide below function in our simple application.

1 free internal call.

2: Voice Mail.

3 make outbound call
4: IVR system.

We will implementhese functionsstep by step.
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2. InstalllPO4and makanternal calls

2.1InstalllP04

Simply connect the power cable and Ethernet cable to IPO4, make sure that the IP0O4 connects to
your local networkThe portconfiguration of IP04 are fxo for portl,2 and fxs for port3,4 as show
below:

sce see A i
sse 99 see sss

B802E 0~
S08~¥1 ATNKL

As show in above picture, we put FXO modules (Red) on Portl and Port2 so portl and 2 are
configured as FXO port and we can connect the PSTN line to these two ports. We haug also
the FXS modules (Blui) port 3 and port 4 to configure these two ports to FXS ports, so we can
connect the normal phone to port3 and port4 as extensions.
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2.2\Ways toAccesdP04

There are threeways to access th€04 : Web, SSH or Console port.

Web:
The fastest way and easiest way to configure IP04, you can do most configure via web
interface
U Use Web browser to opetthe GUI of IP04.
Default IP address: 192.168.1.100
Default username/passwordiddmin/mysecret
IPO4AR2 Say Qi & dzLJLdeedIouse Frefatdcorfighre it. 2 dz

SSH:
Advance way to configure and debug IP04. Via ssh to access the 1P04 directly, you can do
many advance configure in Linux kernel and Asterisk in this mode.
U Use the SSH to@lputty )to access théP04
Default IP address: 192.168.1.100
Default username/passwordoot/ uClinux or root/12xerXes06

Console Brt:

In the console access, you can upgrade the full kernel and access the Linwcpeass via
console port is very useful in recovering the system.

U Please refeHOWTQ; Use RS232 port to connectXX?

Most of our configure job will be done in the web interfadend we will do some advance
configure via SSH tool.

Default http access port of IPO4 is IRO§ou can change this port in the file
[etc/asterisk/http.cont
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2.3Add extensions

At the beginning we need to add some extensions to make internal cB&h extension acts as
an internal numberThere are many typesf extensionswe can adgdwe will use SJRAX2and
ZAP extensions ihis article.

Before set upthe extensions, we need to go to the option page and set the numbers of digit of
each extension. Go to

Option-> Admin Settings

Admin Settings (Show Advanced Options)

Local Extension Settings:

Local Extensions are (i3 digits {v]
Operator Extension [g ihig s

digits

[ Allowe anhalog phor ned to multiple extensions

LKL
S e (SIPNAK users)

[l allow extensions t Verging

Here we set the number to 4, so each extension will be a four digits number.

Add SIP extensions:

9p extensions areSIP acouns which allowyou to log on thelPO4via SIPterminals such as IP
phone AT5300r softphone xlite.

Go toUser Page

AddNewExension

Extension 8806 ; Phone number of this extension
Name: Edwin ; Caller ID Name

Password 8806 : SIPLog on password

Caller ID: 8806 ; Caller ID

VM password: 8806 ; password of your mailbox

Users> User and Phone Configuration:

User and Phone Cortfiguration Activate Changes

User Extensions:

Dial Plan: Please choose the Dial Plan far this

Users is a short cut for Extension user as defined under the "Calling Rules” option
e B0AT — Alice Narme: o theeft
removing all the necessary 8469 —- Crystal .
configuration COMPOnErts | . Passward
350 dyin
fior any nevy phone Wil Password:

Emai
Caller ID:

L1 Voicemail Analog Phone:
I3 Call Queues Dial Flan:
i1 Service Providers Extension Options:

I Calling Rules woicemail [ In Directory
I Incoming Calls Ll AR

1Voice Menus Ocm [ 15 Agert

Call Waiting 3-wiay Calling
[] San Reinvite [] NAT

[ ]oTFods

21 Conferencing

C1Time Based Rules

3 Call Parking

LIRing Groups

IiRecord a Menu Codecs

1 Active Channels disallaw: all
allowy: alaw, Ulaw

tICall Logs

3 System Info HNew Delete
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Use the same methotb add two otherextensiors

Extension 8047 ; Phone number of this extension
Name: Alice ; Caller ID Name

Password: 8047 : SIP Log on password

Caller ID: 8047 ; Caller ID

VM password: 8047 ; password of your mailbox
Extension 8469 ; Phone number of this extension
Name: Crystal ; Caller ID Name

Password: 8469 : SIALog on password

Caller ID: 8469 ; Caller ID

VM password: 8469 ; password of your mailbox

Sofar we havecreated three SIP extensiorRemember to click ! O (iHay& ér the right top
of the page to active thee extensionsNowwe can use SlPeglicesto register to IPO4ise these
extensiondnfo.

Note:if your IPO4 and sip devices aret in the same network, for example, your IP04 uses public
AL YR &ALI RSOAOSE Aa O0SKAYR NRdAziSNX e&2dz Y& ySS
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2.4Reqister SIP device

1. Regqister SIP softphone
Download the Aite softphone phone from cauter path websitewww.Xxten.com
After install the Aite, right click the panel and select the SIP Account Setting and then

configure it

Display Name: Edwin

User Name: 8806

Password: 8806

Authorization User Name: 8806

Domain: 192.168.1.10@IPaddress ofP04

2. Regqister IP phone A30
a) Connectthe Ap osVWAN port to youswitch. And it can get the ip from your router.
b) t NBaa (KS «&a-83athyefthedP of AFW. 2y ! ¢
c) Put the IP on web browser theyou can enter the AB30 configure page through this
IP
d) Putthe SIP extensions info on the 330 IP phones.

Register Server Addr: 192.168.1.00 IP address ofrixboxserver.
Register Username: 8047
Register Password 8047
Phone Number: 8047

Use thesame methodto register another AbB30 to extensiorB469 then you cammake free
inbound call between these three extensioB®06, 8047, 8469
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2.5Add Zap extensions

Port3 ard port4 are configure as the FXS ports, so we can addrmal phone to it and the
normal phonewill be an extension of our systeriVe need to assign theumbers for port3 and
port4 as below:

User and Phone Configuration
UEEr BABEmEns Caller ID: The Caler ID (CID) string used when
Extension: this user calls another user or numbetr, i.e.

M NEmE "B00-556-1234"

Pasgwaord:

WM Password:

N S —

Caller 1D: 1

Analog Phone:

Dial Plan Hene

Extension Optiong analog Port #4

Waicemail [] In Directary
SIP 1A

OcT [ Is Agent
Call'Waiting FHay Calling

[ Can Reinvite [ NAT
DTMFMode

Codecs

Delete Save Cancel

Kindly notice the zap extensions are only available when you have FXS module on your device.
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2.6VoiceMail Box

Voice mail box is enabled when we create the extensitinsomebody calls you and you are
unavailablehe will hear the voice mail greeting message and leave voice message.

Retrieve voice message

To retrieve the voice message, we needteate a voicemail extension in voicemail page. Gnce
user dial to this extension, he will be prompted the greeting sage. After dialing the correct
usernamepassword, user will hear the old and new voicemail.

Voicemai>VoiceMail Configuration:

Voicemail Configuration

Woicehail Settings

=
o
S
©
3
o,
3
@&

L2 Voicemail

Say Message Duration: |f this optino is set, the
duration of the message will be played back
before the voicemail message begins playing
back.

Extension for checking messages 8000
Max greeting (seconds)
Dial ‘0 for Operator: v

General settings for
waicemail

— Message Options:

Message Format

Maximum messages :

Wax message time:
Min messane time:
— Flayback Dptions:
[F] Say message Caller-ID
[0 Saymessage duration
[  Playenvelope
] Allow users to review
Save Cancel

2.7VoiceMail to Email

The ssmtp package is a simplEcémail to Email application. With this function setting correctly,
the ip04 will send the Voicemail tgour mail address whegverthere is a new voice message.
The ssmtp package is installed by default in the 1P04.

1/ in the user setting page, we neéal put the mail address of each extension.

2/ in the/etc/ssmtp/ssmtp.conf:
mailhub=your_mail_host //set the mailhub to your mail host

3/ in thevoicemail.conf:

format=wav49
serveremail=asterisk@Ilegitimate_mail_domain
mailcmd=/bin/ssmtp-t
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3. Makeoutbound call

To make an outbound call, we need to aldnk/service provideffirst. There aretwo types of
service provider:

Analog Ports: FXQOports of IP04, connect to local PSTN

VolP: SIPor IAX trunkconnect to remote SIP/IAX server

In the demo IP04 the port 1 and port2 are configured as FXO ports, port 3 and port 4 are
configured as FXS ports.
When a port is configured as FXO port, the corresponding LED $hiaws/NVhen a port is
configured as FXS port, the corresponding LED shivils =N

Whatare FXO and FXS?
EXYForeign eXchange Station) is an interface which drives a teleprdr@X maching=xXS

interfaces get phones plugged into them, delivery battery, and provide ringing. FXS
interfaces are signalled with FXO signalling.

EXO(Foreign eXchange Office)ds interface that connectto a phone line. They supply

your PBX with access to the public telephone network. FXO interfaces use FXS signalling. FXS
interfaces are what allow you to hook telephones to your PBX, and FXO geted#iow you

to connect your PBX to real analog phone lines.

3.1 Makecall via PSTN trunk
3.1.1 Add Analog service provider

Service Provider Add Service Providers:

Service Providers Activate Changes | [
- Add Service Provider X Lines: Individual lines of the PEX Ex: An:

#3: The third analog port of the PBX.
T e
I3Voicemai 2 .
Provider Type: —— iviAnalog Port #2
{1 Call Queues ® Analog
IlService Providers Cvalp

Service Providers can O custom ValP

provide analog lines andior
SIPALK trunks, which can
be specified here

12 Ring Groups
1 Active Channels
iiCall Logs Save | Cancel

We can see that there are two analog ports in our IP04, select them as our analog trunk.
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3.1.2 Add Calling Rule

In Calling Rules> add a new calling rule as below

Calling Rules

Calling Rules Activate Changes

g Lizt of DislPlans:
- DialFPlanl new | | delete

List of Calling Rules in the selected DialPlan
X Call Queues

Edit: Edit the selected Calling Rule.

" " S.Mo RuleName Dial Pattern Call Using Options
[ Calling Rules U U——
The Caling Rules define Rule Name: |OUT_PSTH
dizling permissions and .
Ieast et rouing rules Place this call through : | Ferts 1,

Analog rallback :

“2Incoming Calls Dialing Rules : If the number begins with s |and

followed by [1] digits &1 or more
{define 3 custem pattern)

LiTime Based Rules

L1 Call Parking

“Ring Groups Strip [1_] digits from the front and prepend [___| before dialing

i1 Active Channels
]

We have now added a new calling réd@UT PSTM Y G KS a5AFftfl ymed
& 6S Oly 4SS TNRY (KS nBubers stayt @ith Sl b8 cuptie fisth | ¢ ¢t { ¢ b
RAIAGD oWPpQUO YR aSyid (G2 t{¢b OLRNIM 2N LR2NIHOD

Cancel

Analog trunk is onlgvailablewhen you have FXO module on your devices.

3.1.3 Choose Dial Plan for extensions

In the User page, edit the extensions to choose DialPlanl.

User and Phone Configuration

User Extensions: In Directory:

Users is & short cut for Extension: -8805 be listed in th
quickly adding and .
removing allthe necessary oo 0 40400 Mame:
configuration components X 2806
o o £460 — Crystal Password:

for &ny nevy phone
e —— Edwin Wi Password:

Emall
Caller ID:

2 Voicemail Analag Phane:
i1 Call Queues Dial Plan:

11 Service Providers — Extension Optiong®

i1 Conferencing

{iCalling Rules Yaicemail [] In Directory
il Incoming Calls SIP 183

1 Voice Menus [cm [ Is Agent

Call Waiting 3-Way Calling
[] Can Reinvite [ NAT

[ ]OTHFMate

2 Time Based Rules

1 Call Parking

11 Ring Groups

After we have done above, in the ex&an we can dial 9 + local number to dial out via PSTN line.
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3.2 Make call via VoIP trunk
3.2.1 Add VolP service provider

Service Provider Add Service Providers:

Service Providers Activate Changes
Users . .
- Add Service Pravider X Analogf¥oip Trunks: Analog lines are attached

to analog intetfaces of the PBX using FXO

N N . - cards, Yoice over IP (VolP) connections are
Provider Type: —— Commestt provided by an Internet Telsphony Service
t1Call Queues (O)uets Frotocol: Pravider (ITSP).

Service Providers can @& custom VolP Host

provide analog lines andior Usermame:
SIPALK trunks, which can
ke specified here Pagsward

5 Calling Rules
i Incoming Calls

i1 Time Based Rules

3 Call Parking

Add a voip service providdut your services provider info in this page.
Comment:  Userdefine local trunk name.

Protocol: SIP or IAX2 depends in your service provider
Regqister enable this if you need the IP04 register to your voip service provider.
Host: IP address or domain of your voip service provider.

Username: Username of your accmt.
Password: Password of your account.

3.2.2 Add Calling Rule

In Calling Rules add a new calling rule as below
Calling Rules

Calling Rules Activate Changes

Lizt of DislPlanz:

- Ex: &trip { digits from the front and prepend
DialFlanl newe | | delete e
Conferencing 2456 before dialing.

Lizt of Caling Rules in the selected DislPlan
3 Call Queues

" SMo Rulehame Dial Pattern Call Using Options
I3 Calling Rules T —")
The Caling Rules define Rule Name: |OUT_¥OIPBUSTER
disling permissions and Place this call through ;
least cost routing rules

Analog fallback :
Dialing Rules © If the number beging with and
Incoming Calls followed by [z ] digits ] ar more
{define a custom pattern)

I3 Time Based Rules
I3 Call Parking Strip [2 | digits from the front and prepend [ | befare dialing

Ring Groups - ;
ErTeTETE s
28 KIS y26 IRRSR I ySg OFfftAy3a NHzA S ah! ¢pxhlLt

As we can see from the dialing ruleoh | ¢ g+hLt . ! { ¢9wéX Fff ydzyYoSNA ai

0KS FANRG G¢g2 RAIAGEA oWwnnQu FYyR aSyda G2 yvYe aiaLll
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The OUT_VOIPBUSTER is in the same DialPlanl. Since we have added this dial plan to the
SEGSyarzya Ay | oalddfbplamafainR2y Qi ySSR 2

So far when we have added two calling rulasy callstart with 9 will be route to PSTN, and call
starts with 00 will be route to voipbuster.
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4. Add call route for incoming calls

4.1Multiple FXO incoming calls to one extension
Purpose: Secretary phone to réee multiple FXO incoming calfgut 1st call on hold pickup 2nd

call and then transfer or hang call. Be able to do this for 4 FXO.

In this case, we use the extension, 6000 as operator, and extension 6001,6002 for dimskisBe
the configure page:

ATCOM Wigit Woll

User and Phone Configuration

User Extensions Codecs: The allowed and disallowed codecs ca

Users is a short cu for Extension: be selected by clicking this link. By default only
quickly adding and 6000 —- operator NETEE alaw and ulaw are allowed.
removing sll the necessary G001 —— crystal .
configuration components - 7 Password:
far any new phane WM Pasaword
12 Conferencing E-rmail: ]
— AT —
1 Voicemail

Analog Phone: No Analog lines detected.
{1 Call Queues

1:Cal Quewes | pia lan

Il Service Provid ! ’

Extension Options: ——————————
aceling[Reles Yoicemail ] In Directary

I Incoming Calls 3P ™

gen O s

13 Time Based Rules Call Waiting F-Way Calling

I: Call Parking [0 Gan Reinvite [ MAT

I1Ring Groups [xfc2833  |DTMFMode
EFTETT

Register extension 6000 with eyebeam. And register 6001 and 6002 with IP ph&686.AT

Configure the service provide to add all FXO ports to the same service provider.

Service Providers

Activate Change:

Call Waiting: Check this option if
Phone should hawe Call-Waiting ca|

List of Service Providers

SNo  Service Provider Type

I Call Queues 1 Ports 12,34 Analog

Service Providers can
provide analog lines andior
SIPARX trunks, which can

e eI

Add the incoming and route all the calls from portg,3,4 to the 6000 extension.

—
ATCOI‘;I‘

W
Activate Changes I

Add a Incoming Rule: Define a new Ru
handling Incoming calls based on serwice

Incoming Calls

Users

T T —

Define how your incoming
calls should be handled &
configure DID (Direct
inward Dialine)

RDUtE| 411 Unmatched incoming calls v|

from provider | Ferts 1,2,3,4
10 EXIENSION | 000 -— operator

19/40
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Make an incoming pstn call to port 1 and you can see 6000 extension will ring. Use the eyebeam
to answer the call.

Make another incoming call to port 2 and you can see the line2 of 6000 is ringing. You can press
LINEZo answer the secongtall; Linel will be hold and hear the musio© transfer this call to
extension 6001, pressFEFRn the eyebeam and then pre§§01and thenXFEFagain to transfer

the call, after transfer the call, pressing upto return to linel.

42Ringr Y2 G KSN) SEGSyaArzy AF 2LISNI 62N R2S

Purpose: If secretary does not answer FXO CALL pass call to next extensions, If no call answer
send call to voicemail. 6000 ext voicemail

Setting a Ring Group as show below:

g )
ATCOM
Ring Groups i

Edit Ring Group X Move the mouse over to a field to see to
Name: [eming o | strategy [Fme moier ] ||

SIP/E000 SIP/S6002

(-]
I Call Queues SIP/6001 T4¥2/ 6002
s
I Calling Rules
=

Ll Incoming Calls
.2 Time Based Rules Ring Group Members Available Channels

Call Parking Extension for this ring group (optional) : [ |

71 Ring Groups Ring (each/all) for these many seconds :

Define Ring Groups ta dial If not answered

TR G GHEman ® ot voicemail of this user

O Goto an VR menu
R
I Active Channels
5 cive Chames |
Il Call Logs

Put 6000 and 6001 to the ring gnouSet the strategy to Ring In Order. And set the timeout to 15
seconds. If not answer, the call will go to the 6000 voicemail box

S GKS AyO2YAYy3 NRdAziS G2 GKS ySg 2yS aAyO2YAy3y
- . 1
ATCOM

{:Home Incomning Calls

~

2 Users

RDUtEl 811 Unmatched incoming calls v|

=
=)
=

2 Call Queues from provider | Ports 1,2,3,4 w 3
to E}'{TEI"ISiDI"I| incoming group —— Ringbroup vl

3 = 1

Define hawe your incoming
calls should be handled &
configure DID (Direct
invvard Dialing)

(I Voice Menus
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4.3Time Base Rule

Purpose: set different rules for office time and close titfiehere is incoming call in office time,
the call will be route to operator as mentioned above. If there is incoming call in close time, the
caller will hear that the company is close at thisrmamt.

First, we need to record a voice menu for the close time (off_timel), refer chapter five for how to
record the voice menu

Second, set up the time base rule as below:

Time Based Rules EEEEEESE Note: Al times are UTC! Activate Changes
= Agent Callback Login Extension:
be dialed for the Agents to Login to

Rule Mame : (Ex Julyd) Queue,
Same az Agent Login Extension, exc

=2 Call Queues Time & Date Conditions not hawve to remain on the line.
Start Time: [03 v End Tirme: :

1 Calling Rules SHEE(E (S D
2 Incoming Calls Start Date: End Date:
Start Maonth: End Manth:

L3 Time Based Rules o
Destination

Define call routing rules
based on date and time i time matches: [ sperater (5000) v|

if tifme did not match: [ VeiceMenn off_timel v|

L1 Ring Groups

In above rule, we have set a time base as required.

Third, we need to pointhte incoming call to this time base rule.

Incoming Calls Activate Changes

be dialed for the dgents to Login to the Specific

= = - Queue,
Route | A1l Unmatched incoming ecalls v| same as agent Login Extension, except you do

I Call Queues from provider | Forts 1,2,3,4 w F not have to remain on the line.
t0 extension [(office_tine — Time Based Rule w|

3 C 1

Define how your incoming
callz should be handled &

21/40



www.atcom.cn

5. IVR

IVR, means Interactive Voice Response. It is very important for the enterprise application. We can
use the IVR to do the auattendant job.

5.1Add Greeting Menu

Go toVoice Menus>add new voice menu

We have added a new voice menu:
Name: Greeting
Extension 9999
Then we will need tsee how this menu should work. We will set this menu as the greeting
YSydz YR 6KSYy GKSNB Aa AyO2YAy3a OF fifyomknowk S OF £ £ SN
the extension of the part you wish to reach then dial nosluring the greeting voice. You can dial
the number you wish to reach.

S LJA @ -yodfet-® I (22My0BE¢  4ISy ROK

'RR (g2 ySg o6l O13INRdzyR ai
tS GKS aGRALFE 20KSNJ SEGSy

G J-Enow-extRA | £ ¢ SYWORS NNBIY2 Sy o
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