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Version Date Author Description

1.0 2008-April-19 Edwin Creation

1.1 2008-Jul-11 Edwin Interlink, backup
1.2 2008-Dec-01 Edwin Add IP0O1, IPO8
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1. Introduce

This Article

This article is an application guide to use IP-XX and ATCOM products to build a simple application
on small office application. Through this article, we hope that readers can build the IP PBX
solution via IP-XX for small enterprise. The IP-XX series PBXs include 1P01, IP0O4 and IPO8
so far, since they have almost 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
IP01 and IPO8 also.

IP01, IP04 and IP08
The IP-XX series PBXs are open source embedded IP PBX systems. They run uClinux and Asterisk

and support rich IP PBX features. They have big advantages on its inherent open source software
structure and ultra low power consumption ( <5 watt in idle state, environment friendly).

Below are the difference between the IP01, IPO4 and IP0O8 platform.

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

IP-01 1 1 x fxo/fxs 1 fix RS232 port -- 100 x 100 x 28
1P-04 1 4 x fxo/fxs 1 RS232 module MMC 225x120x 30
IP-08 2 8 x fxo/fxs 1 RS232 module MMC,USB 225x120x30

Hardware Information:

The IPO1, IPO4 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) are built in different packages and
maintain in a remote server. We only need to use some simple commands like:

root:~> ipkg install PACKAGE_NAME  to install the needed package

root:~> ipkg remove PACKAGE_NAME to remove the useless package

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

1.1Related Hardware and software

IPO4 IP PBX: Open source IP PBX, support four interchangeable FXO/FXS ports.
AX-110S: FXS module of I1P04,

AX-110X: FXO module of IP04

AT-530: Stand along IP phone, can be configured as SIP/IAX2 extensions.
X-lite: Softphone run on the PC, can be configured as SIP extensions.
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Normal phone: Connect to IP0O4, act as ZAP extensions.
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1.2System set up

Simple structure for small enterprise

VolPBuster Service
WolP service provider

=

alog Service provider

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

Mormal Phone
Zap Extension:#569

WAN 1222 40,1344
Linksys Router

'.-_~ IP 192.168.1.1
~ —_—t Local Arep Network l[]l

s aas

LANIP; 192.168.1.100
ATSE3) TP Phone ATS30 TP Phone
SIP Extension: 8047 SIP Extension: 8469

Mormal Phone
Zap Extension:#049

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

Following devices are used in the structure:

1: IP0O4 with 2 FXO 2 FXS port loaded: 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: connect to the IPO4 FXS ports.

3:  Working PC, x-lite runs on this computer act as a sip extension.

4: AT-530 IP phone, register to IPO4 to 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 out bound call
4: IVR system.

We will implement these functions step by step.
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2. Install IPO4 and make internal calls

2.1Install IPO4

Simply connect the power cable and Ethernet cable to IPO4, make sure that the IPO4 connects to
your local network. The port configuration of IP04 are fxo for portl1,2 and fxs for port3,4 as show
below:

. @ E OEE OB
® . . .m@m'é-m@u‘

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 have also put
the FXS modules (Blue) in 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 to Access IP0O4

There are three ways to access the IPO4 : Web, SSH or Console port.

Web:
The fastest way and easiest way to configure IPO4, you can do most configure via web
interface
» Use Web browser to open the GUI of IP04.
Default IP address: 192.168.1.100
Default username/password: admin/mysecret
IPO4 doesn’t support IE well. You need to use Firefox to configure it.

SSH:
Advance way to configure and debug IP04. Via ssh to access the IP04 directly, you can do
many advance configure in Linux kernel and Asterisk in this mode.
»  Use the SSH tool ( putty ) to access the IP0A4.
Default IP address: 192.168.1.100
Default username/password: root/uClinux  or root/12xerXes06

Console Port:

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

>  Please refer HOWTO — Use RS232 port to connect IP-XX?

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

Default http access port of IPO4 is IP08, you can change this port in the file
/etc/asterisk/http.conf.
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2.3 Add extensions

At the beginning, we need to add some extensions to make internal calls. Each extension acts as
an internal number. There are many types of extensions we can add, we will use SIP, IAX2 and
ZAP extensions in this article.

Before set up the 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 Exensions are (3 digits i

Operatar Extensian g ihig s

digits
[ Allowe anhalog phor ned to multiple extensions
5 digits
Varying

[ Allow extensions t eric (SIPAAY users)

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

Add SIP extensions:

Sip extensions are SIP accounts which allow you to log on the IP04 via SIP terminals such as IP
phone AT-530 or softphone x-lite.

Go to User Page
Add New Extension:

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

Password: 8806 ; SIP Log on password

Caller ID: 8806 ; Caller ID

VM password: 8806 ; password of your mailbox

Users-> User and Phone Configuration:

User and Phone Corifiguration

User Extensions:

Dial Plan: Please choose the Dial Plan far this

Users is a short cut for Extension: 8505 uset as defined under the "Calling Rules" option
quickly adding and 8047 —— A1 . - ta the left
remaving all the necessary ee Marne: e st
8469 — Crystal
configuration companents " o Password BE0E
— Edyin

fior any nevy phone

WM Passward:

: E-mai
e
e T —
I Calling Rules woicemail [ In Directory
I Incoming Calls Ll AR
dm e
Time Based Rules Call Waiting 3-wiay Calling
" [] San Reinvite [] NAT
3 Call Parking

[ ]oTFods

Hew Delete

Codecs
disallow: all
allowy: alaw, Ulaw
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Use the same method to add two other extensions

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 ; SIP Log on password

Caller ID: 8469 ; Caller ID

VM password: 8469 ; password of your mailbox

So far we have created three SIP extensions. Remember to click “Active Changes” on the right top
of the page to active these extensions. Now we can use SIP devices to register to IP04 use these

extensions info.

Note: if your IP04 and sip devices are not in the same network, for example, your IP04 uses public
ip and sip devices is behind router, you may need to enable “NAT” when set up the extensions.
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2.4Register SIP device

1. Register SIP softphone
Download the x-lite softphone phone from counter path website www.xten.com
After install the x-lite, 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: 192.168.1.100 (IP address of IP04)

2. Register IP phone AT-530
a) Connect the AT-530’s WAN port to your switch. And it can get the ip from your router.
b)  Pressthe “sysinfo” key on AT-530 to get the IP of AT-530.
c) Put the IP on web browser then you can enter the AT-530 configure page through this
IP.
d)  Putthe SIP extensions info on the AT-530 IP phones.

Register Server Addr: 192.168.1.100 IP address of Trixbox server.
Register Username: 8047
Register Password: 8047
Phone Number: 8047

Use the same method to register another AT-530 to extension 8469, then you can make free
inbound call between these three extensions 8806, 8047, 8469.
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2.5Add Zap extensions

Port3 and port4 are configure as the FXS ports, so we can add a normal phone to it and the

normal phone will be an extension of our system. We need to assign the numbers for port3 and

port4 as below:

User and Phone Configuration

User Extensions

m

Extension:

Name
Pasgword:

Y Password:

e S —
Caller 1D: 1

Analog Phone:

Dial Plan Hene
Analog Port #3

Extension Optiong analog Port #4

Waicemail [] In Directary
SIP 1A

OcT [ Is Agent
Call'Waiting FHay Calling

[ Can Reinvite [ NAT
DTMFMode

Delete

Codecs

Save Cancel

Activate Changes

Caller ID: The Caler ID (CID) string used when
this user calls another user or number, 1.2,
"B00-555-1234"

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

Voice mail box is enabled when we create the extensions. If somebody calls you and you are
unavailable, he will hear the voice mail greeting message and leave voice message.

Retrieve voice message
To retrieve the voice message, we need to create a voicemail extension in voicemail page. Once a

user dial to this extension, he will be prompted the greeting message. After dialing the correct
username/password, user will hear the old and new voicemail.

Voicemail->VoiceMail Configuration:
Voicemail Configuration Activate Changes

‘aicenail SEHIHQS Say Message Duration: |f this optino is set, the
Conferencing Extension for checking messages duration of the message will be played back.
Max areeting (seconds) before the voicemail message begins playing
Dial '0* for Operator back.

L2 Voicemail

General settings for

p i
HOICEmaEl — Message Options:

Message Format

Maximum messages :
{per folder)

Wax message time:
i Senvice Froviders Min message ime:

I Calling Rules

2 Call Queues

I Incoming Calls — Playback Options:

Say message Caller-ID
Say message duration

L1 Voice Menus
Il Time Based Rules

L3 Call Parking Play envelope

ooono

Allowr users to review

Il Ring Groups

LI Record a Menu

I Active Channels

Call Logs

Save Cancel

2.7Voice Mail to Email

The ssmtp package is a simple Voicemail to Email application. With this function setting correctly,
the ip04 will send the Voicemail to your mail address whenever there is a new voice message.
The ssmtp package is installed by default in the IP0O4.

1/ inthe user setting page, we need to put the mail address of each extension.

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

3/ in the voicemail.conf:

format=wav49
serveremail=asterisk@legitimate_mail_domain
mailcmd=/bin/ssmtp -t
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3. Make outbound call

To make an outbound call, we need to add trunk/service provider first. There are two types of
service provider:

Analog Ports: FXO ports of IPO4, connect to local PSTN

VolIP: SIP or IAX trunk, connect to remote SIP/IAX server

In the demo P04, 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 shows RED. When a port is
configured as FXS port, the corresponding LED shows GREEN.

What are FXO and FXS?
EXS (Foreign eXchange Station) is an interface which drives a telephone or FAX machine. FXS
interfaces get phones plugged into them, delivery battery, and provide ringing. FXS
interfaces are signalled with FXO signalling.

FXO (Foreign eXchange Office) is an interface that connects to 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 interfaces allow you
to connect your PBX to real analog phone lines.

3.1 Make call via PSTN trunk

3.1.1 Add Analog service provider

Service Provider -> Add Service Providers:

Service Providers Activate Changes n
- 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 Activate Changes
Lizt of DislPlans:
Edit: Edit the selected Calling Rule.
DialFlanl new | | delete

List of Calling Rules in the selected DialPlan

- - SNo RuleName  Dial Pattern CallUsing  Options
[ Calling Rules S —
The Caling Rules define Rule Name: |OUT_PSTH
digling permissions and Place this call through :

least cost routing rules

Analog rallback :

“2Incoming Calls Dialing Rules : If the number begins with s |and
followed by [1] digits &1 or more
{define 3 custem pattern)
:Time Based Rules
I Call Parking

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

i1 Active Channels
]

We have now added a new calling rule “OUT_PSTN” in the “DialPlan1”.
As we can see from the dialing rule of “OUT_PSTN”, all numbers start with 9 will be cut the first
digit (‘9’) and sent to PSTN (port1 or port2).

Cancel

Analog trunk is only available when you have FXO module on your devices.

3.1.3 Choose Dial Plan for extensions

In the User page, edit the extensions to choose DialPlan1.

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 extension 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

- Add Service Provider X Analogl\!f)lp Trunks: Analog I1nas.are attached
to analog intetfaces of the PBX using FXO

cards, Yoice over IP (VolP) connections are

Provider Type: —— Comment: provided by an Internet Telephony Service
wa Frotocol: SIF |w Provider (ITSP).

X Call Queues O analog .

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 provider. Put your services provider info in this page.
Comment: User define local trunk name.

Protocol: SIP or IAX2 depends in your service provider
Register: 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 account.
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

Lizt of Caling Rules in the selected DislPlan

i3 Call Queues

" " S5 Mo RuleMame Dial Pattern Call Using Options

I3 Calling Rules e

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
(dafine a custom pattarn)

Call Parking Strip [2 | digits from the front and prepend [ | befare dialing

L1 Ring Groups
ET TR Cancel

We have now added a new calling rule “OUT_VOIPBUSTER” in the “DialPlan1”.
As we can see from the dialing rule of “OUT_VOIPBUSTER?”, all numbers start with 00 will be cut

the first two digits (‘00’) and sent to my sip service provide voipbuster.

I3 Time Based Rules
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The OUT_VOIPBUSTER is in the same DialPlanl. Since we have added this dial plan to the
extensions in above, we don’t need to add dial plan again.

So far when we have added two calling rules, any call start 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

4.1 Multiple FXO incoming calls to one extension

Purpose: Secretary phone to receive multiple FXO incoming calls, put 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 clerk. Below is

the configure page:

Users iz a short cut for
guickly adding and
removing sll the necessary
configuration components
far any new phane

Ring Groups

User and Phone Configuration
User Extensions

Extension:
6200 — cporaten e
— crvstal .
e Passward:
WM Password
E-mail L 1
S —

Analog Phone: No Analog lines detected.
il Pl

Extension Options:

Yaicemail [] In Directary
[ 8IP 7] 1A%

cm ] Iz Agent

Call Waiting F-Way Calling
[] Ccan Reinvite [] NAT

DTWFMoce

Wisit Vall

Activate Changes

Codecs: The allowed and dizalowed codecs ca
be selected by clicking this link. By default only
alaw and ulaw are allowed.

Register extension 6000 with eyebeam. And register 6001 and 6002 with IP phone AT-530.

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

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

e eI

Service Providers

List of Service Providers

S.No  Service Provider
1 Ports 1,234

Type
Analog

Activate Change:

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

Add the incoming and route all the calls from ports 1,2,3,4 to the 6000 extension.

—
ATCOI’;I‘

L2 Voicemail
I Call Queues
L3 Service Providers

I Calling Rules

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

Incoming Calls

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
LINE2 to answer the second call; Linel will be hold and hear the music. To transfer this call to
extension 6001, press XFER in the eyebeam and then press 6001 and then XFER again to transfer
the call, after transfer the call, press hang up to return to linel.

4.2Ring another extension if operator doesn’t answer

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:

N
ATCOM i
Ring Groups i
Edit Ring Grnup X Move the mouse over to a field to see to
Nare siategy ]
L2 Voicemail
_ SIP/ 6000 SIP/6002
i3 Call Queues SIP/G001 T4X2/6002
= " " TAX2/ 6000
L1 Service Providers
12 Service Providers | Tatara00d
1 Calling Rules
Ll Incoming Calls
.2 Time Based Rules Ring Group Members Available Channels
=2 Call Parking Extension for this ring group (optional) : [ |
I Ring Groups Ring (each/ally for these many seconds
Define Ring Groups ta dial If not answered
TR G GHEman ® ot voicemail of this user
~~ operator
O Goto an VR menu ?
e
L3 Active Ch I
Il Call Logs

Put 6000 and 6001 to the ring group. Set 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

Set the incoming route to the new one “incoming_group”

Incoming Calls

{1 Conferencing

RDUtEl 811 Unmatched incoming calls v|
t1Call Queues frorm prDVidEr 3
to E}'{TEI"ISiDI"I| incoming group —— Ringbroup vl

i Calling Rul

Il Incoming Calls

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 time. If there 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 this moment.

First, we need to record a voice menu for the close time (off_time1l), refer chapter five for how to

record the voice menu

Second, set up the time base rule as below:

[EEEEEESE Note: Al times are UTC!

onferencing

Rule Mame (Ex Julyd)
I3 Voicemail
72 Call Queues Time & Date Conditions
©:Service Providers Start Time: [03 v End Time: :
1 Calling Rules SHEE(E (S D
2 Incoming Calls Start Date: End Date:
S Start Manth; End Month;

Voice Menus

L3 Time Based Rules

Define call routing rules Destination
based on date and time T time rmatches: [operator (6000) v
if tifme did not match: [ VeiceMenn off_timel v|

o1 Call Parking

L1 Ring Groups

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

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

Incoming Calls

Il Users

Activate Changes

Agent Callback Login Extension:
be dialed for the Agents to Login to
QueLe,

Same az Agent Login Extension, exc
not have to remain on the line.

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|

I Calling Rules

[save ) (Caneel )
Il Incoming Calls
Define how your incoming
calls sho noled &
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5. IVR

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

5.1Add Greeting Menu

Go to Voice Menus--> add new voice menu

Voice Menus Configuration Aclivate Changes
VA (Wse Hame: 4 name for the Voice Menu

3 Call Queues

2 Calling Rules Add a new Step

{2 Incoming Calls Add

[ Dial other Extensions?

Menus allow for more " .
efficient routing of calls keyprass’ Events
from incoming callers. Also Key
knowvn as (VR (Interactive

= Disabled fad
{iTime Based Rules

2 Call Parking

Disabled

m

Disabled
IIRing Groups
{iRecord a Menu Disabled

1 Active Channels Disabled

=
=
o
5
HIEAES SR ES R RSB ES

0
1
2
3 Disabled
4
]
-

IiCall Logs

XY

I3 Backup Delete

We have added a new voice menu:

Name: Greeting

Extension 9999
Then we will need to see how this menu should work. We will set this menu as the greeting
menu and when there is incoming call, the caller will hear: “thanks for your calling, if you know
the extension of the part you wish to reach then dial now ” during the greeting voice. You can dial
the number you wish to reach.

Voice Menus Configuration Activate Changes

Woice Menus: Keypress Events:Define the actions that occur

¥oicellenu - Greeting Mame Extension wihen a user presses the corresponding digit,
Steps:  [amswer the Call A

up Flar */sounds/thark-you-for-ealling” & List

Add a new Step:
[N [Beekezoumna ] [otherq Add | Delete
. . letters ~
|
Dial other Extensions? oo, o =
minutes L

Keypress' Events

moh

Disabled 1
Disabled
Disabled

Disabled
Disabled

=
Z
=
S

0
1
2
3 Disabled
4
)
-

[

Add two new background steps. The voice we choose are: “thank-you-for-calling” and
“if-u-know-ext-dial” and remember to enable the “dial other extensions”.
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5.2Route incoming route to greeting menu

Incoming Calls Activate Changes

handling Incoming calls based on service
provider andfor the number called,

ROUtE [ AL Unnatched incoming calls ||

from provider 5
to extension | 9999 —- Voice Memu %

Save Cancel

S .

In the incoming calls menu, route the incoming calls to the greeting extension (9999).

5.3Record your voice.

You may also need to record your voice for greeting or other voice menu.
Go to Record a Menu -> Record a new voice menu

Then you will be prompted as below.
Record a Custom VoiceMenu

Record a new Yoice Menu: Lets you record 3

List of Recordet! volcelenus new woice menu using any user extension device

& Valcemail No Recorded menus found [
i Call Queues

Record a new Voicemenu

Il Service Providers

1 Calling Rules

File Nama
Extension used for recarding:

22 Voice Menus e
1 Time Based Rules Record | 2489 — Crystal
1 Call Parking

LIRing Groups

3 Incoming Calls

2 Record a Menu

)
2
o
o
a
fra
]
@

Allowys you to record
custam volcemenus aver a
phone

23 Active Channels

Il Call Logs

term Infa Record a new Toice Merm

Type the name of your record and choose the extension to record. After that, click the “Record”

button and your extension will ring. Answer the call and make a record.

After recording, you can see the record in the page:

Record a Custom VoiceMenu

o . — List of Recorded WoiceMenus
SNo Name Options
5 Call Queves t Grestnggan

I3 Calling Rules
X Incoming Calls

3 Voice Menus
I —

The record files are stored in the /storage/sounds/record directory, if you have the voice files

already, you can use the FTP server to put the files to this directory too.
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6. DISA

DISA (Direct Inward System Access) allows someone calling in from outside the telephone
switch (PBX) to obtain an "internal" system dialtone and dial calls as if from one of the
extensions attached to the telephone switch. Frequently the user calls a number DISA
number with invokes the DISA application. The DISA application in turn requires the user to
enter his passcode, followed by the pound sign (#). If the passcode is correct, the user will
hear dialtone on which a call may be placed. Obviously, this type of access has SERIOUS
security implications, and GREAT care must be taken NOT to compromise your security.

If the password parameter is "no-password", then the DISA application will provide dial tone

without first requiring a password. Obviously, this should only be done if the user's identity

has already been proved by some other means or the set of numbers which can be dialed is

tightly controlled.

DISA(passcode[ | context])
DISA(password file)

Below is a simple example guide for DISA:

Voice Menus

Voice Menus Configuration

“oice Menus:

onferencing K o1 ~ Greeting

I3 Voicemail
L2 Call Queues
I Service Providers

5 Calling Rules

i3 Incoming Calls

I1Voice Menus

Menus allow for more
etficient routing of calls
from incoming callets. Also
knowen as [WR (Interactive

Add a new voice menu “DISA”
After the “Answer the Call”
Add a new step:

Step name: Disa

Activate Changes

Dial other Extensions:|s the caller allowed to
dial extensions other than the ones defined
below?

Mame:

Exnsion [T

Steps:

up DI5A(no-password |[numberplan-eustom—1)

Answer the Call

Add a new Step:

[ Dial other Extensions?

Delete

‘Keyprass' Events

Key  Action
n micaklad P ~

Step content: no-passoword|numberplan-custom-1 // numberplan-custom-1 means:

DialPlan1.

In the incoming rule, route the incoming call this disa entry.

Then when you dial a call to your PSTN line, you will be promoted a second dial tone which
indicates you can add as an internal extension and make outbound call.
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7.

Ring Group

In a ring group, you can have calls ring multiple user extensions at one time. The first user to

pick up the call gets the call and all other phone stop ringing.

First, we need to set up a ring group specify what extensions need to ring when the call

enter this group.

Ring Groups-->Ring Groups

Conferencing

22 Voicemail

2 Call Queues

23 Service Providers
IlCalling Rules

3 Incoming Calls
I1Voice Menus

L1 Time Based Rules

.1 Call Parking

LI Ring Groups
Defing Ring Groups to disl
more than one extension

IIRecord a Menu

3 Active Channels

System Info

2 Backup

Ring Groups

Narme

Edit Ring Group X
strategy.

SIP/100
SIP/101

“— 27100
2,101
SIPS102
TaX2/102
SIF/103
» TAX2/103
SIF/104
TAX2/104

Ring Group Members

If not answerad

© Goto Vaicemail ofthis user
O Goto an VR menu

& HangUp

Available Channels

Extension for this ring group {optional) :
Ring (each/all) for these many seconds

Session Initiation Protocol: Check this option
if the User or Phone is using SIP or is 3 SIP
device,

We have now set a group Sales_team in above. This group includes the extension 100 and

101

Then we need to “link” the group with the incoming calls.

Incoming calls --> Incoming calls

I3 Voicemail

Define howy your iINComing
calls should be handled &
configure DID (Direct
irveard Dialing)

Record a Menu

Active Channels
System Info

Above we set that all the incoming call from portl will enter the ring group Sales_team. So if

Incoming Calls

RoUte [ A11 Vnnatched inconing ealls [v]

to extension [[Sales Tean — Ringoroup | v|

[

from provider

130 -= Hew User
131 —— Few User
132 -- Hew User
133 - Few User
134 — Hew User
135 - Hew User

136 - Hew User
13T —— Hew User
138 - Hew User
139 -- Hew User
140 - Hew User
141 -- Hew User
142 - Hew User
143 - Hew User

A0 449 — Fo User
145 - Hew User
. — Custon
999 - Check Voicemail

m

Session Initiation Protocol: Check this option
if the User or Phone is using 51P or is a SIP
device,

there is any call from port1l. the extension 100 and 101 will rings at the same time.
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8. Interconnect two IP0O4

Purpose of this chapter: show how to link two IP04 in different location. With this function, we
can link branches together with IPO4. Same method can be used when connect more than 2 IP04
in different branches.

8.1 Link two IP04 in the same network.

The simplest case to link two ip04 together is in the same network. We start from this and then
try to expand to different network.

Below is the structure of how to link two IPO4s in the same LAN:

LAN

IAX trunk

IP04A IP04B

IP: 192.168.1.30
Extensions: 5001
AT-530 B
IP: 192.168.1.20

Extensions: 6001
AT-530 A

‘ IP: 192.168.1.21 ‘ IP: 192.168.1.31

The idea of the how to connect two IP04 in different location is: 1) register the IPO4A as an
extension in IPO4B(via IAX2 trunk) so the extensions in IPO4A can make calls to IPO4B’s extensions

|II

via this “special” trunk. 2) use the reverse method in IP04B to register to IPO4A.
In above structure:
1) AT-530A registers to IPO4A as an extension 6001.
2) AT-530B registers to IPO4B as an extension 5001.
3) All the extensions under IPO4A are in the format 6XXX.
4) All the extensions under IPO4B are in the format 5XXX
5) Extensions under IPO4A can make calls to extension under IPO4B use format 5XXX.
6) Extensions under IPO4B can make calls to extension under IPO4A use format 6XXX.
7) The two IP04 links each other via IAX2 trunk.

Steps to achieve above objects:
8.1.1 Set up an extensions in IPO4A for IPO4B

In IPO4A, go to User Page

Add New Exenions:

Extension: 6005 ; Phone number of this extension
Name: User_IP04B ; Caller ID Name
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Password: 6005 ; SIP Log on password
Caller ID: 6005 ; Caller ID

8.1.2 Set up a service provider in IPO4B to link to IPO4A via this User_IP04B extension.

In IPO4B,
Service Provider --> Custom VolIP and set the service provide as per info from 1)

An.
Add Service Provider X to“_
. car
Provider Type: —— Comment. N
) Analog Protocol: I & Fra
) nlp Register:
1@ Custom VolP Host:

Usemname:
Password: [#@e® ]

8.1.3 Set Calling Rule in IP04B, all calls start with 6 will be sent to IPO4A

In IPO4B
Calling Rules --> add a new rule officeA as below.

Calling Rules Activate Changes

List of DialPlans:

Ex: Strip 7 digits from the front and prepend
. Di=lFlanl new | | delete
X Conferencing 256 before dialing

List of Calling Rules in the selected DialPlan
X Call Queues

= - S.Mo RulenMame Dizl Pattern Call Using Options
: Calling Rules o
The Calling Rules define Rule Name
disling permissions and Place this call through © | Custem - 10 TP04A &
lesst cost routing rules

Analog fallback
*Incoming Calls Dialing Rules © If the number begins with [ | and
followed by [1 ] digits or more
[define a custom pattarn)
1 Time Based Rules
X Call Parking

: Ring Groups Strip [0] digits fram the front and prepend [ | before dialing

i Active Channels

Active the change and apply the test:
v" Register an IP phone AT-530B to IP04B with 5001 extension.
v' Register an IP phone AT-530A to IPO4A with 6001 extension.
v' Use 5001 to dial 6001. And you can see 6001 is ringing and you can pick up the calls.

Above is the way to router IP04B’s call to IPO4A, the method to link IPO4A to IPO4B is the same as
above.
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8.2 Link two IP04 in different offices.

The generally environment for two ip04 in different location is: two IPO4 are both behind router
and using the private IP.

Since the IPO4 doesn’t have the public IP, so we need to do port forwarding in the router and
make IP04 is reachable to others.

Below is the port forwarding structure:
4{ Internet

IAX trunk

WAN IP: 202.8.16.98 WAN IP: 115.9.30.54
Office A Office B

IP: 192.168.1.21 IP: 182.168.1.31
IP04 A IP04B
IP: 192.168.1.30
Extensions: 5001
AT-530 B
IP: 192.168.1.20
Extensions: 6001
AT-530 A

1) Set port forwarding in the router for IPO4A

The IPO4A is behind the router, to register to IPO4A via the internet, you need to forward the IAX2
port in your router, so all the packets received on the router WAN port (202.8.16.98:4569) will be
forwarded to the IPO4A (192.168.1.21:4569). Below is the setting page in a linksys router:
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Applications

Applications

& Gaming setup security o E— Administration  Status

rding Port T | UPnP Forwarding

UPnP Forwarding

Application Ext.Port TCP UDP Int.Port IP Address Enabled UPNP Forwarding can be used
to =et up public =ervices on
FTR 21 ® O 1821881 III O your network. When users fro
the Internet make certain
Telnet 23 @ O 192.168.1 EI |:| requests on your network, the
Router can forward those
SMTP 2= ® O 182.168.1 El O requests to computers equippe
to handle the requests. If, for
DNS 53 O ® [53 | 1921881 O G L3 HNEEH DT
- El number 80 (HTTP) to be
e ag P forwarded to IP Address
FTR 192.188.1,
= © @ 2iee1[0 | [ 192.168.1.2, then all HTTP
_— - o requests from outzide users w)
finger 7 ® O tszacaa[0_ | O be forwarded to 19216812,
_ o iz recommended that the
HTTP g0 @ O 1821881 - computer use static IP
address.
POP3 110 ® O 110 152.165.1.[' El
- - . Y'ou may use this function to
NNTR e ® O 1”‘-1*’3-1-@ O establish a Web server or FTP
server via an IP Gateway. In
NP 181 O ® 1szieer[0 | O - Wi X
used to configure this through
2020 ® O 192.168.1] 235 UPNP communication.Be sure
that you enter a walid IP
Bos0 | ® O 192.188.1[29 | Address. (You may nesd to
establish a static IP address:
httpz | [B090 | @ O 192.188.1[209] with your ISP in order to
property run an Internet =erver |
1AX 4569 ® O 4569 192.168.1)21 For added security,
142 4569 | O @  [4569 | szaesaf2t | More..

2) Set up the service provider and calling rule in IPO4B to make it register to IPO4A.
This method is almost the same as in Chapter 8.1 , EXCEPT you need to use the 202.8.16.98
as the service provider instead of 192.168.1.21.

3) Use the same method do port forwarding in routerB for IPO4B. Your public address from
network provider maybe a dynamic ip which will be changed periodically. To overcome the
problem of dynamic ip, you may need to use the DDNS service , for more info please google
the internet.
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9. Manage Configure Files

9.1Back up file

In Backup page
Backup / Restore Configurations

Ex: S5trip 1 digits from the front and

— List of Previous Configuration Backups 255 before disfing
SMo Mame Date Ciptions

1 backupO8071102 Jul 11, 2008
2 backup0so7ii Jul 11, 2008

Backup Management

Take a Backup
[ Update

Use ‘Take a Backup’ to backup the configure files.

The backup file will stored in /storage/gui_configbackups directory

9.2Restore Backup Files

To restore the backup file via Web:
Just click the restore button for the back up file you need.

Restore from command line:

If ‘backup’ page doesn’t work, you can also restore the file from command line in terminal.
The back file is stored in the directory /storage/gui_configbackups:

The command line to restore the file like this:

root:~> cd /storage/qui_configbackups/
root:~> tar -xf backup_factory _IPO8__2008juli8.tar -C /

9.3Restore to factory default

If you are mess by the configure files, you can restore the devices to devices to factory default,
we have put the backup_factory_IP0S8 file in the [storage/gui_configbackups so you can restore
this file.

If this file is missed, you can do it in the command line, the step is:
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8) Download the factory default config from ATCOM
root:~> wget http://www.atcom.cn/down/userguide/EN/IPO8/backup factory IPO8 2008jull8.tar

9) Extract the file.
root:~> tar -xf backup_factory IPO8 _2008jul18.tar -C/

10) Reboot the device.
The device will go to factory default and have a default ip 192.168.1.100 after reboot.
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10. FAQ:

10.1 HOWTO - get/put file from/to IP04?

There is a FTP server built in IPO4, to transfer files to IP04, we can use a FTP client such as
SmartFTP client to do the job. The FTP user name and password for IP04 is:

You can also use the linux command wget and tftp for file transfers via SSH terminal. The
account/password for SSH are or

Example:

root:~> tftp -g -r voicemail.tar 192.168.1.235 //get the voicemail.tar file from tftp server

10.2 HOWTO -- Change SSH password?

In ssh terminal,
Run
root:~> passwd to change the password.

10.3 HOWTO -- Custom your music on hold?

First: record your voice as per charter 5.2,
Then: put the recorded voice to the file /var/lib/asterisk/moh and active the change.

10.4 HOWTO -- Upgrade the software packages of IP04?

The IP04 uses the BAPS structure to maintain the software. The packages link can be found

on /etc/ipkg.conf file. Below are some commands for the software management.

root:~> ipkg update //check available packages.

root:~> ipkg install PACKAGE_NAME //install the needed package

root:~> ipkg remove PACKAGE_NAME //remove the needed package

root:~>ipkg list_installed //list the installed packages information

The /etc/autoinstall describes the needed packages for the system and the ip04 will check if the
packages are installed in every reboot. If the specified packages don’t exist in the ip04, it will
install the package on every reboot. So if you have removed a package, you may also check if the
package in mention in the /etc/autoinstall file, if it is there, you need to remove it.

10.5 HOWTO -- Set correct country setting for IP04?

Different countries have different tone cadence and impedance. To get the best
performance on your country, you need to set the country setting in the setting page:

Go to Option -->Show Advance Option
Then you can see there is a new box on the right top of the page. You can then set the

network and country setting in this page.

Also you need to set the opermode of IP04 according to the area you are. For example, if
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you are in USA, you need to set the opermode to FCC. If you are in Australia, you need to set
the opermode to AUSTRALIA.
The opermode can be in the in the /etc/init.d/zaptel file
#1/bin/sh
# Start up file for Zaptel
case S1in
start) modprobe wcfxs opermode=AUSTRALIA lowpower=1;
zapscan;
ztefg;;
stop) modprobe -r wcfxs;;
enable) rm -f Jetc/rc.d/S40zaptel;
In -s /etc/init.d/zaptel /etc/rc.d/S40zaptel;;
disable) rm -f Jetc/rc.d/S40zaptel;;
*) cat <<EOF;;
Syntax: /etc/init.d/zaptel [command]

Note: The parameter that opermode support can see the fxo_modes.h file in zaptel source.

10.6 HOWTO -- Set system time?

The file /etc/TZ specify the timezone of the system. The IP04 will get the date and time from NTP
server according to the timezone. If the system is different from your time, you can set the
timezone value on the /etc/TZ file. Example time zone values is :

AEST-10AEDT-11,M10.5.0/02:00:00,M4.1.0/03:00:
Melbourne,Canberra,Sydney

00
Perth AWST-8AWDT-9,M10.5.0,M3.5.0/03:00:00
Brisbane AEST-10
Australia . ACST-9:30ACDT-10:30,M10.5.0/02:00:00,M4.1.0/0
Adelaide 3:00:00
Darwin ACST-9:30
Hobart AEST-10AEDT-11,M10.1.0/02:00:00,M4.1.0/03:00:
00
Amsterdam, Netherlands CET-1CEST-2,M3.5.0/02:00:00,M10.5.0/03:00:00
Athens, Greece EET-2EEST-3,M3.5.0/03:00:00,M10.5.0/04:00:00
Barcelona, Spain CET-1CEST-2,M3.5.0/02:00:00,M10.5.0/03:00:00
Europe Berlin, Germany CET-1CEST-2,M3.5.0/02:00:00,M10.5.0/03:00:00
Brussels, Belgium CET-1CEST-2,M3.5.0/02:00:00,M10.5.0/03:00:00
Budapest, Hungary CET-1CEST-2,M3.5.0/02:00:00,M10.5.0/03:00:00
Copenhagen, Denmark CET-1CEST-2,M3.5.0/02:00:00,M10.5.0/03:00:00
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Warsaw,
Poland

New

Zealand?

USA &
Canada®

Dublin, Ireland
Geneva, Switzerland
Helsinki, Finland

Kyiv, Ukraine

Lisbon, Portugal
London, Great Britain
Madrid, Spain

Oslo, Norway

Paris, France

Prague, Czech Republic
Roma, Italy

Moscow, Russia

Sofia, Bulgaria
St.Petersburg, Russia
Stockholm, Sweden
Tallinn, Estonia
CET-1CEST,M3.5.0,M10.5.0/
3

Auckland, Wellington

Hawaii Time
Alaska Time
Pacific Time
Mountain Time

Mountain Time (Arizona, no
DST)

Central Time

Eastern Time

Atlantic Time

Atlantic Time (New
Brunswick)

Newfoundland Time

(Updated DST for 2007)

GMT+0IST-1,M3.5.0/01:00:00,M10.5.0/02:00:00
CET-1CEST-2,M3.5.0/02:00:00,M10.5.0/03:00:00
EET-2EEST-3,M3.5.0/03:00:00,M10.5.0/04:00:00
EET-2EEST,M3.5.0/3,M10.5.0/4
WET-OWEST-1,M3.5.0/01:00:00,M10.5.0/02:00:00
GMT+0BST-1,M3.5.0/01:00:00,M10.5.0/02:00:00
CET-1CEST-2,M3.5.0/02:00:00,M10.5.0/03:00:00
CET-1CEST-2,M3.5.0/02:00:00,M10.5.0/03:00:00
CET-1CEST-2,M3.5.0/02:00:00,M10.5.0/03:00:00
CET-1CEST-2,M3.5.0/02:00:00,M10.5.0/03:00:00
CET-1CEST-2,M3.5.0/02:00:00,M10.5.0/03:00:00
MSK-3MSD,M3.5.0/2,M10.5.0/3
EET-2EEST-3,M3.5.0/03:00:00,M10.5.0/04:00:00
MST-3MDT,M3.5.0/2,M10.5.0/3
CET-1CEST-2,M3.5.0/02:00:00,M10.5.0/03:00:00

EET-2EEST-3,M3.5.0/03:00:00,M10.5.0/04:00:00

NZST-12NZDT-13,M10.1.0/02:00:00,M3.3.0/03:00
:00

HAW10
AKST9AKDT,M3.2.0,M11.1.0
PST8PDT,M3.2.0,M11.1.0

MST7MDT,M3.2.0,M11.1.0

MST7

CST6CDT,M3.2.0,M11.1.0
EST5EDT,M3.2.0,M11.1.0

ASTAADT

AST4ADT,M4.1.0/00:01:00,M10.5.0/00:01:00

NST+3:30NDT+2:30,M3.2.0/00:01:00,M11.1.0/00:
01:00
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Jakarta WIB-7
Asia Singapore SGT-8
Hong Kong HKT-8
Ulaanbaat
ULAT-8ULAST,M3.5.0/2,M9.
ar,
5.0/2
Mongolia
Brazil, Sdo Paulo BRST+3BRDT+2,M10.3.0,M2.3.0
Central Colombia UTC+5
and South
America Argentina UTC+3
Central America CST+6

The Asterisk use the /etc/localtime to determine the voicemail time, there is no /etc/localtime
file in default, you need to find your time zone /usr/share/zoneinfo in your normal Linux machine.
Then copy the file to the IPO4 and rename it as /etc/localtime.

10.7 HOWTO -- Change the IP address of IP04?

Go to Option -->Show Advance Option

A new box will appear on the Right-top of the page, you can see the network setting here.
Gota: | ol

ATCOM Global SIF Settings

Global IAX Settings
:Home Admin Settings  (Hide Advanced Options)

Change Password

Local Extension Settings: DHep: pe File Editor
.2 Conferencing Local Extensions are DHCF server
£ Voicemail opsrator Excension

r1 Call Queues O anow analog phones to be assigned to multiple extensions

[ mllow extensions to be Alphalumeric (SIPAAX users)

LI Service Providers

Il Calling Rules

— Agent Login Settings:
{2 Incoming Calls Agent Login Extension: [
I1Voice Menus Agent Callback Login Exension: [ ]

I3 Time Based Rules

1 Call Parking — Default Settings for a Mew User:
I3 Ring Groups [1 15 Agent ‘Woicemail
IRecord a Menu [ In Girectory Ocm

{1 Active Channels Bl 14K

z:Call Logs Call Waiting 3Way Calling
voiceMail Password

13 Backup
I Update

Admin Settings
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10.8 HOWTO — Use RS232 port to connect IP-XX?

1) Open the box
2) Connect the RS232 console port to the IP04, there is a console port module ship
together with the IP04. Connect the console port to the ip04 as below picture:

62/80
V6ZLL0BAH |

Connect Console port to IP04

If you are using IP01, the connection will be:

Ly e =< = " — =3 A

Running the Hyper Terminal or Minicom in your computer to connect the IP04, the setting of the
console port should be:
Bits per second to 115200;
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Data bits : 8
Parity: None
Stop bits: 1
Flow control: None

3) Power on IP04.
4) Remember to put the jumper as where it was after using the Rs232 port.

10.9 HOWTO -- Upgrade the kernel of IP01,IP0O4 and IP08?

In the previous version of IP04, the kernel is not the BAPS kernel, it will be not convenient
for the software upgrade (via IPKG) in future. We can use the R$232 console port to upgrade
the kernel to a BAPS base kernel.

10.9.1 Download the latest kernel and set up TFTP server

Download the latest kernel from http://www.atcom.cn/down/uimage r2.zip. Set up a TFTP

server and put the kernel on your TFTP server root directory.
10.9.2 Connect console module to IP04

Connect the RS232 console port to the IP04, there is a console port module ship together
with the IPO4. Connect the console port to the ip04 as per:
HOWTO — Use RS232 port to connect IP-XX?

Power on the IP0O4 and stop the boot process at the u-boot prompt.

Now we are going to write the new ulmage to flash. your:mac:address can be found on the
bottom case of the device. In the IP08, we need to use two MAC address, the MAC address in the
bottom case plus 1 is the second MAC address (ethladdr). For example, if your IPO8 has a MAC
address 00:09:45:78:56:12 on the bottom case, then the second MAC address is
00:09:45:78:56:13

10.9.3 Update kernel

NOTE: Do not cut/paste the steps below into your serial terminal program, as they often cannot
respond fast enough and lose characters. Type each line carefully by hand.
In u-boot:

ip04>set autostart

ip04>setenv serverip your_tftp_server_address

ip04>tftp 0x1000000 ulmage_r2.ip08

ip04>nand erase clean

ip04>nand erase

ip04>nand write 0x1000000 0x0 0x300000

ip04>set bootargs ethaddr=your:mac:address console=ttyBF0,115200 root=/dev/mtdblockO rw
(If you are using the IP08, please refer below bootargs for IPO8)
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ip04>save
ip04>bootm 0x1000000

(uClinux will boot....... )

NOTE: If Linux doesn't boot or you experience other problems reboot into uboot, type "print",
and carefully check bootargs,. The correct bootargs setting should like this:
bootargs=ethaddr=00:09:45:56:43:34 console=ttyBF0,115200 root=/dev/mtdblockO rw
If you are using the IP08, the command to set bootargs is

ip04>set bootargs ethaddr=your:mac:address ethladdr=you:second:mac:address
console=ttyBF0,115200 root=/dev/mtdblockO rw

10.9.4 copy /root to yaffs file system

Now we have uClinux running, but using a ram-based ext2 file system
for root. So we need to copy /root into the yaffs file system:
On the IP0O4:

root:~> /bin/copy_rootfs.sh

root:~> reboot

10.9.5 mount root from yaffs

Now set up u-boot to mount root from yaffs (some of these env variables may be set already,

use 'print' to check):

ipO4>set autostart yes

ip04>set bootargs ethaddr=your:mac:address console=ttyBF0,115200 root=/dev/mtdblock2 rw
ip04>set nandboot 'nboot 0x2000000 0x0'

ip04>set bootcmd run nandboot

ip04>save

ip04>reset

Note: if you are using the IP08, the set bootargs, should be:

ip04>set bootargs ethaddr=your:mac:address ethladdr=you:second:mac:address
console=ttyBF0,115200 root=/dev/mtdblock2 rw

10.9.6 boot the IP04 to root prompt and install the packages

Boot IP04 to the uClinux root prompt. Use mount to check that root is mounted on mtdblock2

(yaffs file system).

Note: If you have kernel panic issue on the booting state, please check if you have the correct

bootargs setting in u-boot.

Now we can install the needed packages using ipkg.
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When the system boots with the new kernel, only the network part is available and the IP04 will
get the network parameter from your DHCP server.
Then you need to install the needed packages for your application. Below is the default packages
installed in the IPOA4.

root:~>ipkg install zaptel-sport

root:~>ipkg install pagecache libtiff spandsp asterisk-spandsp voiptel-gui voiptel-sounds
dropbear voiptel-ntp ssmtp voiptel-cron
Then it will connect to Rowetel and VolPtel website for the latest packages. Please make sure that
your IP04 has the internet connection to download the packages. Don't worry if it seems to get
stuck on downloading / installing the voiptel-sounds package, as it just needs some time due to

it's size.
root:~>/etc/init.d/zaptel enable // load zaptel driver on every booting
root:~>/etc/init.d/asterisk enable // load the asterisk on evert booting.

root:~>reboot

after reboot, you can check the ip address on the console port and check its ip address via
root:~>ifconfig
put this ip address on your firefox browser and configure the IP04.

10.10 HOWTO — enable CallerID?

To get the callerID working, you may need to check below two points.

1) Check if the asterisk-spandsp package is installed in the IPOA4.

You can check via below command, in SSH mode:

root:~>ipkg list_installed this command will list all the installed package in IP04. See if
the asterisk-spandsp is there in the IPOA4. If yes, please go to item 3).

If you can not find asterisk-spandsp from above command. You may see other asterisk package
version like: asterisk; voiptel-asterisk.

2) Install asterisk-spandsp package.

If the asterisk package used in the IP04 is not the asterisk-spandsp package, you need to remove
the previos package and install the correct one for CID support. Since the GUI for IPO4 relates to
the asterisk package much, you need to remove the GUI and install the voiptel-gui also.
root:~>ipkg remove voiptel-gui  to install the voiptel-gui

root:~>ipkg remove asterisk to remove the other asterisk version.

root:~>ipkg install asterisk-spandsp to install the asterisk-spandsp package

root:~>ipkg install voiptel-gui to install the voiptel-gui package

root:~>reboot reboot the device, the device will use 192.168.1.100 as its
default IP after reboot.

3) Configure zapata.conf file
After install the asterisk-spandsp in the IPO4. To enable the called ID, you also need to modify the
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file zapata.conf to set the
usecallerid=yes

notice: you will need to remove the channel defined line (channel => 1,2,3,4 etc.) in the
Zapata.conf file because the Ip04 will auto detect the channels after reboot. If you have modify
the zapata.conf file, you may see double lines with channel in the zapata.conf file after reboot, it
will cause problem to start the zaptel channels.

10.11 HOWTO — set CallerID for UK?

Make sure that you have below packages installed in the IPO4:
libtiff spandsp asterisk-spandsp

in the zapata.conf file, change the setting to:

immediate=yes
usecallerid=yes
cidsignalling=v23
cidstart=polarity
callerid=asreceived

hidecallerid=no

then reboot.
notice that you need to remove the line

channel => 1,2,3,4 in the Zapata.conf file if you have modified this file. Otherwise you will have
double defined after reboot.
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