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VOICE&DATA ROUTER BA

1. PRODUCT OVERVIEW

Voice&Data Router BA is is device which can be used as BRI/PRl/analog VolP gateway, VolP
(ISDN) PbX or voice&data router.

& PRODUCT FEATURES

based on project Astfin and uClinux
OS LINUX

Asterisk SW v 1.4x

BLACKEFIN procesor BF527 600MHz
64MB RAM

128MB NAND Flash

8MB DATA Flash

optional SD card

® INTERFACES

A variant - (main card) - 8 analog modules

0/32 analog FXS interfaces

0/16 analog FXO interfaces

0/6 analog E&M interfaces

0/16 analog LB (local battery) interfaces

0/4 BRI SO TE/NT interfaces with optional power supply 48V
0-1xE1

1xUSB OTG

1-2xETHERNET 10/100BT

1xRS232 console

0/12 GSM

B variant - (main+extension card) -16 analog modules

0/64 analog FXS interfaces

0/32 analog FXO interfaces

0/12 analog E&M interfaces

0/32 analog LB (local battery) interfaces

0/8 BRI SO TE/NT interfaces with optional power supply 48V
0-1xE1

1xUSB OTG

1-2xETHERNET 10/100BT

1xRS232 console

0/12 GSM
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VOICE&DATA ROUTER BA

@ VARIANTS

1U version:

Voice&Data Router BA ITX 495 02 (stand alone)
BRI 0/ 4xBRI/ 8xBRI SO
FXS/FXO/E&M Max. 8 or 16 analog modules

FXS module (quad)

FXO module (dual)

E&M module (dual)

E1 0/1xE1 120 Ohm (RJ 45)
GSM 0/1 upto 12xGSM
Power supply 230V AC and -48V DC
230V AC
-48V DC

19” rack version 6U:

Voice&Data Router BA ITX 402 42 (rack card)

BRI 0/ 4xBRI

FXS/FXO/E&M Max. 8 analog modules
FXS module (quad)
FXO module (dual)
E&M module (dual)

E1 0 or 1xE1 120 Ohm (RJ 45)

Max. number of ITX 402 42 cards placed to the rack - 8 pcs.

inoteska
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VOICE&DATA ROUTER BA

APPLICATIONS

e Voice & Data Router

VOICE&DATA ROUTER BA

IN%F.!N!:‘

Ethernet 100 BT !

SIP

e VolP, TDM PBX (SW Asterisk)

PBX Features: Call Forwarding, Call Hold/Transfer, Music On Hold, Call Parking, Call Pickup, Speed
Dial, CLIP/CLIR, Automatic Attendant,...

1..32 Analog phones

Analog
PBX

E&M, IDTMF

Remote subscriber

=y
P o
VOICE&DATA [
ROUTER BA méimg
L

10/100 BT WAN - Ethernet '
VOICE & DATA

VolP phones
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e TDM - VolP gateway

VOICE&DATA
ROUTER BA

CAS R2 MFC / DSS1 ISDN

1..4BRI S0

WAN Ethernet

SIP Signalling
10/100 BT Ethernet
VoIP phones
e SIP PROXY Server
VOICE&DATA
ROUTER BA

1..32 Analog phones

VolIP phones

A

WAN - Ethernet

SIP Signalling

VolP phones

inoteska
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VOICE&DATA ROUTER BA

¢ Local network, extending of local network

VolP phone

LOCAL VOIP NETWORK

Analog phones

VOICE&DATA
ROUTER BA

10/100 BT

VOICE&DATA
ROUTER BA

10/100 BT Vile pfiona

VOICE&DATA
ROUTER BA

/

VolP phone

TDM SWITCH

E1.. - Pﬁau‘g EHA

NETmR” DSS11SDN

Analog phones 10100 BT WAN - Ethernet

VOICE & DATA
VOICE&DATA
ROUTER BA
A .
l#ﬁﬂg
. -
VOICE&DATA
VolP phones ROUTER BA

10/100 BT Ethernet

10/100 BT WAN - Ethernet

Analog phones VOICE & DATA
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VOICE&DATA ROUTER BA

VOICE&DATA
ROUTER BA

Analog phones

VOICE&DATA

ROUTER BA
10/100 BT Ethernet

FXS

X Analog phones
FXS* 32 2=

VolP phones

10/100 BT Ethernet

E1 10/100 BT

WAN — Ethernet uémug
VOICE & DATA . ¥

e E1overlP

VOICE&DATA
ROUTER BA

CAS R2 MFC / ISDN

E1

CAS R2 MFC |/ ISDN

) 4
J

VOICE&DATA
ROUTER BA

Different applications also available.
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VOICE&DATA ROUTER BA

(®) TECHNICAL SPECIFICATION

Voice Processing

e GSM
e G.711
e (G.726
e (G.729 Annex A, Annex B (licence not included)
e Max. number of simultaneous calls (measured at INOTESKA lItd.):
o Max. 16 calls for calls E1 - SIP or ANALOG - SIP (Echo Canceler - ON and used codecs
else than G.711)
o Calls between ANALOG and E1 are not limited.
Configuration: E1/VolIP
SW Echo canceller G.711 G.729
0 ms (without echo canceller) 24 calls 15 calls
4 ms 16 calls 13 calls
8 ms 14 calls 11 calls
16 ms 12 calls 9 calls
32 ms 10 calls
Configuration: E1+BRI/VolP
SW echo canceller G.711 G.729
0 ms (without echo canceller) 18 calls 12 calls
4 ms 12 calls 8 calls
16 ms 8 calls 7 calls
Note: Real data depend on various configurations, used features and codecs!
(max. cca 10 concurrent calls)
e Timeslot interchange for TDM to TDM traffic processing
e Echo Cancellation
e Jitter buffer
e DTMF generation and detection
e Call progress tone generation
e Tones generation (ringing, busy, ...)
e Caller ID generation and detection
e AOC feature
[ ]

Announcement playback

Generation level - software adjustable

e RTP-RFC 1889, RFC 2833, RFC 3389

- 0 i 9
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FAX and Modem Support

e G .711 Fax and Data Bypass

IP Telephony Protocol
e SIP
Signalling

e E1: ISDN DSS1 -ZAPTEL 1.4

Euro ISDN EDSS - 1/ETSI PRI/ NET5
ETS 300 011 (ISDN PRI UNI)

ETS 300 012-1 (ITU—-T 1.430)

ETS 300 402-2 (ITU-T Q 1.921)

ETS 300 403-1/2 (ITU-T Q.931)

ETS 300 102-2 (ITU-T Q.931)

ISDN speech, audio

e ANALOG: FXS, E&M, OPX, - ZAPTEL 1.4
e BRI: DSS1
e ETH:SIP,- ASTERISK 1.4

Voice Routing

Local switching
Interface hunt groups
e Routing Criteria:
o Interface
o Calling / called party number
o Time of day, day of week, date
Number manipulation functions
Replace numbers
Add / remove digits
Multiple remote gateways

Data Routing

e Basic Routing

QoS Marking

e QoS pre-router
e TOS /DiffServ
e Supported QoS marking

Networking

e DHCP support and capabilities
e Static Routing
VLSM

inoteska 10
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VOICE&DATA ROUTER BA

Management

Device is supplied with default configuration. Device can be configured using:

e via Ethernet SSH, FTP,http
e Web manager
- default password: inoteska

Please contact the producer in case of difficulties!
Power Supply

19”, 1U rack mount
e 85V -260V AC or-40V to -65V DC
e Frequency: 48Hz to 52 Hz

Max.power consumption

Max. 50W
Dimensions

19”7, 1U rack mountable 44 x 282 x 485 mm (h x d x w)
Weight

Approx. 3,5kg (real weight depends on device HW configuration)

inoteska !
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2. OPERATING INSTRUCTIONS

@ Operating Environment

Install the device in a place where:

e Operating temperature: 0° C to 55°C
e Storage temperature: -10° C to 65°C
e Humidity: up to 80%, non-condensing

@ Interfaces

Connect cables to the appropriate connectors.

E1/T1 interface

RJ 45 connector

1 —input wire to device Rx -
2 — input wire to device Rx+
3 -

4 — output wire from device Tx -
5 — output wire from device Tx+
6 —
7 —
8 —

I

1 8
LULTDLLL

7

BRI interface
- standardly connected as TE

GSM interface

Ethernet 10/100Base-T interface

RJ 45 connector

1 — transmit from device Tx +

2 — transmit from device Tx -

3 — receive to device Rx+
4 —

5 —

6 — receive to device Rx-
7 -

8 —

| o]

I

1 8
LULTDLLL

7

- antenna connector: GSC connector coaxial SMT male 50R 6GHz

inoteska
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VOICE&DATA ROUTER BA

Analog interfaces

Main card can contain 1 up to 8 modules.

Position no. 1to 5: for FXS/FXO/LB modules
Position no. 6to 8: for FXS/FXO/LB/E&M modules

FXS module — quad FXO module — dual
LB module — dual E&M module — dual

Analog interfaces can be connected:

1. using J2 connector (standard product variant)

@ O
@ O

@
O
- % 9 2

ORe module a

oL 2.

e module ab
@) 3,

one module ab
oL 4.

e module ab
@e 3

@ne module ab
@e) 6.

o0 module ab
X 7.

OOOO module ab
005 5 @sz @81
@@

dule ab
600210 moduie a -
£ @y O
O @ Gy
@ O
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VOICE&DATA ROUTER BA

Module ITP 182 31 - Radio connecting

Pin? A Audio OUT
B Audio GUT GHD
Pinid A Auiio In
B Audio In
Pni —— M M
Ping ——— E E
Gy —— 0v
GHD
Description of cable
1. Interface 3. Interface
Signal PIN Meaning Signal PIN Meaning
A61 26 Audio Out 1 A71 24 Audio Out 3
B61 6 Audio Out GND 1 B71 4 Audio Out GND 3
AB2 65 Audio In 1 A72 63 Audio In 3
E61 39 E1 E71 38 E3
M61 19 M 1
oV 20 GND M71 18 M 3
ov 20 GND
2.Interface
Signal PIN Meaning 4.Interface .
A63 25 Audio Out 2 Signal PIN Meaning
B63 5 Audio Out GND 2 AT73 23 Audio Out 4
B73 3 Audio Out GND 4
A64 64 Audio In 2
B64 44 Audio In GND 2 A74 62 Audio In 4
B74 42 Audio In GND 4
E62 78 E2
M62 58 M2 E72 77 E4
ov 59 GND M72 57 M 4
ov 59 GND
inoteshka 14
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VOICE&DATA ROUTER BA

1“ 2 3 4 5 6 7 8
{2;1 Ll a2t | @31 [ a4 | oast | a6l a7l a8l
b21 | b31 | b4l | b51 | b6l b71 b81
al2
b2 a22 a32 a42 a52 a62 a72 a82
b22 | b32 | b42 | b52 | b62 b72 b82
al3
bi3 a23 a33 a43 a53 a63 a73 a83
b23 | b33 | b43 | b53 | b63 b73 b83
al4
bl4 a24 a34 ad44 a54 a64 a74 a84
b24 | b34 | b4d | b54 | bo4 b74 b84
E61 E71 E81
Mé61 M71 M81
E62 E72 ES82
M62 M72 M82
Location of analog modules
on main card
J2
- | 40
IJBEH_[]- ] " | BB4
L) 3 5 E%j
B71 R | ey | B72
hald - 44 £
JBt'_- E‘_ i ——— Baf
.'}I::I': _._?._. I I 4 b - B?‘E
E o BS4
5a1 : e 852
B4 ~ 0 (1] B
o b= ] 50 { 344
833 | ¢ 12 51 { B34
g2y o1 iy — |+
B8 R T 53 .
.(:I 15 54 | ‘:..:1
Hr-'n 16 55 - '.'..;
- _ 17 56 B
ME1 by B ey | MB2
uTl L 19 D {M72
4 50 g | ME2
0 Jav
21 60
AR &% [ AB4
AB1 = [T Ag82
A73 | £3 [ 1 x74
A71 £ Hes—< | a72
AB3 [>—t3 [ 28— As4
lﬂ.;.ﬁ * ..“-". Lt’ e | ?"
!h-lﬁ / 77 [ ! AE:’.
33 L I8 6/ g s
AS1 ¥ 29 “ﬁ_ * | h52
ME—H Y W=
AX3 [ -.\ = 31_: l,.'n— = 1 Al4
A [ 3% —h” — | K32
A3 [o— 33 f—— < IA';
e M-« EAY — A2
2 L2 15 74— A2
i [ —8 - o
. 18] ki S £82
14 — 59 [ >t
£61 —at | 82
HARTINGTBPIN :ml:-;],
B T T

Description of J2 connector

Note: In description of connector, e.g. signal A23 means that it is a-wire from second module (first
index) of third interface on module (second index).

inoteska is
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VOICE&DATA ROUTER BA

2. using RJ45 connector

- modified product variant for max. 16 interfaces

Connectors for FXS interface are marked as following:

1 -1. interface on 1. module 4-5
2 — 2. interface on 1. module 4-5
3 - 3. interface on 1. module 4-5
4 — 4. interface on 1. module 4-5
5 —1. interface on 2. module 4-5
6 — 2. interface on 2. module 4-5
7 - 3. interface on 2. module 4-5
8 — 4. interface on 2. module 4-5
9 — 1. interface on 3. module 4-5
10 — 2. interface on 3. module 4-5
11 - 3. interface on 3. module 4-5
12 — 4. interface on 3. module 4-5
13 — 1. interface on 4. module 4-5
14 - 2. interface on 4. module 4-5
15 - 3. interface on 4. module 4-5
16 — 4. interface on 4. module 4-5

CONTROL connector
‘ e
1 8
CANNON -
@ 1 Female for RJ-45

DO9F cable
- 1
A ' ;
; - 3
N 2 :
L 3 5
- 6
Cannon DO9F - 7
+ shield RJ45 5 8

inoteska 16
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VOICE&DATA ROUTER BA

LED diodes:
Interface Led diode green Led diode Status
E1/T1 Off Off Not enabled
Off On Not connected
Fast CRC error or SLIP
Slow ISDN - No DLL
Slow AIS detected
Fast LFA or RRA detected
On Off OK
Ethernet Off Off Line not connected
On Line active
(flashes during
Receive,
Transmit)

Off — no light, On — light, Slow — flashes slow (period 1.6sec), Fast — flashes fast (period 0.2sec, 5x/sec)

CRC - cyclic redundancy check error
No DLL — no datalink layer active

AIS - Alarm Indication Signal — Transmitted signal is constant with data value Log1
LFA - Loss of Frame Alignment — Indicates synchronisation error in 0" channel

RRA - Receive Remote Alarm — Indicates remote device alarm

inoteska 17
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3. MANAGEMENT

Device is supplied with default configuration. Device can be configured using:

A) Terminal access
- local via RS232 interface (default Baud rate 115.200 kbps, 8 bit, 1 stop bit, none parity)
- remote using SSH

default password: inoteska

Please contact the producer in case of difficulties!
B) Inoteska Web manager - GUI

GUI provides simple and user-friendly interface for device configuration and supervision using web.
More detailed information please see section 3.1 Web manger.

3.1 Web manager

GUI for device configuration and supervion. Web manager was tested with following browsers: Opera,
Google Chrome, Mozilla Firefox.

Initial screen:

voiceadata

INOTESKA Configuration Engine

Username: admin

Fassword: sessssss

Copyright @ 2010, All Rights Reserved www.inoteska sk

Default login data:

Username: admin
Password*: inoteska
* Change of password can be done in menu System — Options.

Default IP address:
LAN: http://192.168.1.100
WAN: http://10.1.1.100

Then you can see Available interfaces and their count.

The number of Analogue, GSM, BRI interfaces depends on real HW configuration. SIP users and SIP
trunks shows the number of configured interfaces by device user.

inoteska 18
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VOICE&DATA ROUTER BA

GUl-version : 1.0 / Board Type : 2 Lljgljut

voiceadata

Home Uszers Trunks Traffic Globals System Dizghostics

System Home Uptirne - 09:40:26 up 6 days, 22:39, load average: 0.08, 0.01, 0.00

Device Configuration

E1iT1

1
BRI 4
GEh 4
Analog Trunks B
Analog Users 20
SIP Trunks 1
SIF Users 2

Identification

TYPE=ITX4024201

SMN=402420100014
Firmware=595021_B.ZIF

Copytight @ 2010, All Rights Reserver

How to configure the device
Configuration of Users / Trunks depends on usage application.

For Voice&Data Router as Gateway — it is necessary to configure Trunks, if there are analog
interfaces, configure also Users.

For Voice&Data Router as PBX — it is necessary to configure Users and Trunks.

First define Users (SIP, analog) and Trunks (SIP, E1/T1, BRI, Analog, GSM interfaces) — as per
your device function. Then set Traffic (Dial Plan, Calling Rules). Go back to Users/Trunks to assign
Dial Plans and Calling Rules to Users/Trunks.

Then configure all other necessary parameters available in Web manager.

Please note that all changes you made are being applied to device after click on Apply Changes in
upper right corner. Some settings (e.g. change of IP address, restore of saved configuration) are done
automatically,without need to Apply Changes.

For configuration choose the item from main menu:

Users — SIP Users
Analog Users

Trunks — SIP Trunks
E1/T1 trunks
BRI Trunks
Analog Trunks
GSM Trunks

inoteska 19
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Traffic — Calling Rules
Dial plans
AQOC Tables Settings

Globals — SIP Settings
RTP/UDPTL Settings
Call Groups
Ring Groups
Carriers
Permissions
Services Codes
CDR Settings
Announcement Settings

System — |IP settings
Routing Tables
Firewall
Options
Backup&Upload
Firmware Update
Date&Time

Diagnostics — Port Status
Active Services
Identification
System Logs
CLI Emulator
Debug messages
System Status
File Editor
IP Tables Tests
SMS Manager Tests

Specials — AOC Web Update

- moving a mouse pointer here you can see help/description of parameter/settings.

3.1.1 Users

Here you can define Users — SIP and Analog.

SIP users

GUl-version : 1.0 | Board Type: 2 Logout

voiceadata

SIP Users Settings

List of User Extensions

O 250 User 250 dynamic users W i w
O 351 User 251 dynamic users [ PermiyDeny |[ Ecit |[ Delste |

Copyright @ 2010, All Rights Reserver
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VOICE&DATA ROUTER BA

Click on Create New User, Modify Selected Users, Delete Selected Users to manage list of SIP
users.

It is possible to manage each User individually by Permit/Deny (Permit/Deny traffic from set IP
address or all IP adresses — for extensions with dynamic IP address — more information after click on
Permit/Deny), Edit , Delete.

GUlversion : 1.0 /Board Type: 2 |_|:|g|:| ut

voiceadata

Users Trunks Traffic

Lzers = SIP Users

Edit User Extension - 250

General
Extension 250 Mame User 250 DialPlan users (v
FPassword CallerlD

Host Options

Host Type dynamic % HostIP Address Host Port

CIEnable Vaicernail far this User
Access PIN code Mailbox 10 Email Address
Codecs
First a-law % Second G.729 » Third None % Fourth Mone » Fitth Mone w
WolP Settings
aualiy 7 (2 NAT Y CanReimvite (] DTMF Mode' ©  RFCzeas v insecure  no v
Other Options
Pickup Group 1w
Llser's Services
Call Farward Do Mot Disturh 4]
Lser's Permission

User's Permission Group Users w  User's Call Limit 1

General

Extension: The numbered extension, i.e. 1234, that will be associated with this particular User /
Phone.

Name: A character-based name for this user, i.e. Bob Jones

Dial Plan: Please choose the DialPlan for this user. DialPlans are sets of calling rules and can be
managed form the \"Dial Plans\" panel.";

Password: The password for the user's sip/iax account , Ex: \"12u3b6\

Caller ID: The Caller ID (CID) string used when this user calls another internal user.

Host Options

Host Type: How to find the client - IP # or host name. If you want the phone to register itself, use the
keyword dynamic instead of Host IP

Host IP address

Host Port: SIP port of the klient

Enable Voicemail for this User

- Check this box if the user should have a voicemail account.

Access PIN Code: Voicemail Password for this user, ex: 1234

Mailbox: Voicemail Mailbox for this user. It can be different from the extensions numer.
Email Address: The e-mail address for this user, i.e.bobjones@bobjones.com

inoteska 21
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Codecs

Allow codecs in order of preference. Codec is a compression or decompression algorithm run against
voice as it is moved between analog (speaking) and digital (VolP).

u-law - A PSTN standard codec, used in North America, that provides very good voice quality and
consumes 64kbit/s for each direction (receiving and transmitting) of a VolP call. u-law should be
supported by all VolP phones.

a-law - A PSTN standard codec, used outside of North America, that provides very good voice quality
and consumes 64kbit/s for each direction (receiving and transmitting) of a VolP call. a-law should be
supported by all VolP phones.

GSM - A wireless standard codec, used worldwide, that provides okay voice quality and consumes
13.3kbit/s for each direction (receiving and transmitting) of a VoIP call. GSM is supported by many
VolP phones.

VolIP Settings

Qualify: Qualify will send a SIP OPTIONS command regularly to check that the device is still online. If
the device does not answer within the configured (or default) period (in sec) Asterisk considers the
device off-line for future calls. Default Value '2 sec

NAT: Try this setting when Asterisk is on a public IP, communicating with devices hidden behind a
NAT device (broadband router). If you have one-way audio problems, you usually have problems with
your NAT configuration or your firewall's support of SIP+RTP ports.

Can Reinvite: By default, Asterisk will route the media steams from SIP endpoints through itself.
Enabling this option causes asterisk to attempt to negotiate the endpoints to route the media stream
directly, bypassing asterisk. It is not always possible for asterisk to negotiate endpoint-to-endpoint
media routing.

DTMF Mode: Set default dtmf mode for sending DTMF. Default: rfc2833

Insecure: Port allows matching of peers by IP address without matching port number. Invite removes
the requirement for authentication of incoming INVITE messages. Port,Invite allows both the matching
of peers by IP address without matching port number and removes the requirement for authentication
of incoming INVITE messages. No requires normal IP-based matching and authenticated INVITES

Other Options
Pickup Group: Group that can pickup fellow workers' calls

User’s Services:
Call Forvard: Call Forvard Service
Do Not Disturb: Do Not Disturb Service

User’'s Permission
User’s Permission Group: Select User’s Permission Group
User’s Call Limit: Input User’s Call Limit value

GUlversion : 1.0 / Board Type : 2 Lljgl:l ut

voice&data

Dizgnostics Specials

Lzers = SIP Users

Edit Permit/Deny Option

Add PermitDeny Option Custormn
IP 192.165.1.0
Metwork Mask 255.255.255.0

Copyright@ 2010, All Rights Reserved waww.inoteska. sk
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Edit Permit/Deny Option

IP: Permit or Deny traffic from this IP address, to Deny or Permit all use 0.0.0.0 for the IP and 0.0.0.0
for the Net Mask.

Network Mask:To Permit or Deny only the IP set in the IP field use a Net Mask of 255.255.255.255,
to specify a range of IP's to Permit or Deny decrease the Net Mask, for example to Permit or Deny IP's
from 192.168.1.138 to 192.168.1.142 you should specify 192.168.1.138 as the I[P and
255.255.255.248 as the Net Mask

Analog users

List of all available analog HW positions is displayed. You can manage each analog user individually
by Unused, Edit.

GUIversion : 1.0 /| Board Type: 2 |_|:|g|:||_lt

voiceadata

Home Uszars Trunks Traffic Globalz Systam Diagnostics Specialz

Analog Users Settings

List of Analog Users

1 201 User 201 44 users [ Unused ][ Edit |
2 202 User 202 45 users [ Unused ][ Edit |
3 203 User 203 46 users mm
4 204 User 204 47 users [ Unused ][ Edit |
5 205 User 205 48 users [ Unused ][ Edit |
G 206 User 206 49 users m@
T 207 User 207 a0 users mm
8 208 User 208 51 users [ Unused ][ Edit |
g 209 User 209 52 users [ Unused ][ Edit |
10 210 User210 a3 users mm
11 211 User 211 a4 users mm
12 132 User212 55 users [ Unused ][ Edit |
7 221 User 221 64 users [ Unused ][ Edit |
22 232 User 222 65 users mm

inoteska 2
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GUl-version : 1.0 / Board Type : 2 LEI!;]EII_lt

voiceadata

Traffic

Users = Analog Users

Edit Details
General
Position 1 Channel 44
Extension 201 Full Mame = User 201
DialPlan ' users ¥
User's Senices
Uzer's Parmission Group " administrator v
Pickup Group v

" 3wy Calling 417 call Transter M7 call Forwarding 47 Do Mot Disturb

General

Extension: Caller ID

Full name: A character-based name for this user, i.e. Bob Jones

Dial Plan: Please choose the DialPlan for this user. DialPlans are sets of calling rules and can be
managed from the Dial Plans panel

User’s Services

User’s Permission Group: Select User’s Permission Group

Pickup Group: Group that can pickup fellow workers' calls

3-Way Calling: Check this option if Phone should have 3-Way calling capability
Call Transfer: You can transfer the call to another extension

Call Forwarding: Call Forward Service

Do Not Disturb: Do Not Disturb Service

3.1.2 Trunks

It is possible to define the parameters” settings for:

SIP Trunks
GUIversion : 1.0 / Board Type : 2 Ll:ugl:n_lt
' dat
Users Trunks Traffic Globals System Diagnostics h
SIP Trunks Settings W
‘ Inoteska trunk 192.168.1.1 Inoteska [ Eit ][ Delete |

Copyright @ 2010, All Rights R
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You can add a New SIP Trunk, Edit and Delete existing ones.

GUl-version : 1.0 /Board Type:2 Edit Trunk Logout

voiceadata

Users Trunks Traffic Globals Systern Dizgrostics Specialz

Edit SIP trunk Inoteska

Provider Mame  Inoteska
DialPlan  trunk v
Hosthame  static v 192.165.1.1 : 5060
Username Inoteska
Authuser
Fromuser
Fromdaomain
Fassword Inoteska
Contact
Qualify [] 2
Insecure Type  very &
Codecs First u-law » Second a-law % Third GSM |
Fourth Mone % Fifth Mone
CallerlD
volP Settings Register (17 MaTC] " canReimvite (' DTMF Mode' ™ | RFcze3s

Call Limit 0o

Fax & Modern Support Enable T.38 0]
Fax Passthrough (] Codec | alaw

Modem PassthroughD Codec  alaw »

[ save ][ cance |

Copyright @ 2010, All Rights R

Provider Name: A unique label to help you identify this trunk when listed in outbound rules, incoming
rules etc.
Dial Plan: DialPlan for this Trunk. DialPlans are sets of calling rules and can be managed form the
\"Dial Plans\" panel.
Hostname: How to find the SIP server or Provider - IP # or host name. If you want to register itself,
use the keyword dynamic instead of Host IP
Username: SIP channel username. This field specifies the user name for authentication
Authuser: username for autentification, if different from username
Fromuser: Name which will be used in SIP header 'From' instead of caller identification. Overrides the
callerid
Fromdomain: Allows to set IP address or domain which will be used in SIP header 'From'
Password: Password for autentification
Contact: SIP Url Contact
Qualify: Qualify will send a SIP OPTIONS command regularly to check that the device is still online. If
the device does not answer within the configured (or default) period (in sec) Asterisk considers the
device off-line for future calls. Default Value '2 sec
Insecure Type: Port allows matching of peers by IP address without matching port number. Invite
removes the requirement for authentication of incoming INVITE messages. Port,Invite allows both the
matching of peers by IP address without matching port number and removes the requirement for
authentication of incoming INVITE messages. No requires normal |P-based matching and
authenticated INVITES
Codecs: Allow codecs in order of preference. Codec is a compression or decompression algorithm
run against voice as it is moved between analog (speaking) and digital (VolP).
CallerID: This is the number that the trunk will try to use when making outbound calls. For some
providers it is not possible to set the CallerID with this option, and this option might be ignored. When
making outgoing calls the following rules are used to determine which CallerID will be used, if they

xist: The fir llerlD i llerlD for th r making th || defined in the ' rs'

inoteska 25

SYSTEMS FOR VOICE AND DATA COMMUNICATION



VOICE&DATA ROUTER BA

tab.The second CallerID is the one that is set in the 'VoIP Trunks' configuration, if applicable.The last
CallerID used for outgoing calls is the Global CID defined in the 'Options’ tab.

VolIP Settings Register: Enables to register SIP channel at remote provider.

NAT: Try this setting when Asterisk is on a public IP, communicating with devices hidden behind a
NAT device (broadband router). If you have one-way audio problems, you usually have problems with
your NAT configuration or your firewall's support of SIP+RTP ports.

Can Reinvite: By default, Asterisk will route the media steams from SIP endpoints through itself.
Enabling this option causes asterisk to attempt to negotiate the endpoints to route the media stream
directly, bypassing asterisk. It is not always possible for asterisk to negotiate endpoint-to-endpoint
media routing.

DTMF Mode: Set default dimfmode for sending DTMF.

Default: rfc2833H

Other options:

info : SIP INFO messages

inband : Inband audio (requires 64 kbit codec -alaw, ulaw)

auto : Use rfc2833 if offered, inband otherwise

Call Limit: The maximum count of calls.

E1/T1 trunks

List of available E1/T1 interfaces is displayed.

GUlversion : 1.0 / Board Type : 2 Lu:ngu:u Ut

voice&ndata

Dizgnostics Specialz

E1/T1 Trunks Settings

E1/T1 Interfaces

‘ A E14 E1 isdn TestE1 ON [ Egit |

Copyright @ 2010, All Rights Reserved waww.inoteska sk

GUIversion : 1.0 / Board Type : 2 Ll:ug out

voiceadata

Trurnks Glabals System Dizghostics Specials

Interface A

General Settings

Enahbled
Mame  E1s Line Mode El v Signaling = ISDN v

DialPlan TestEl «

[Detait |

Copyright @ 2010, All Rights Reserved www. inoteska. sk
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General Settings
Enabled: Enable/Disable E1/T1 interface
Name: A unique interface name to help you identify this trunk
Line Mode: Interface line mode selection
E1 ... 2.048 Mb/s line with 30 voice channels.
T1 ... 1.544 Mb/s line with 23 voice channels.
Signaling: Signaling type selection. Changing of signaling type resets signaling dependent
parameters to their default values. Use details button to check/edit these parameters.

Details
Extended settings are available after click on Details.

GUlversion : 1.0 / Board Type : 2 Ll:ug out

voiceadata

Trunks Traffic Glabals Systern Diagnostics Specialz

Trunks = E1T1 Trunks

Details: Interface A

Line Parameters

CRC Clock Mode slave 1 v [ Longhaol ke 17 Longhaul T

ISDM Dretails

Switch Type EuraISON ~  Mode Te »| O RestartL3
Channels

Channels 1-15,17-31 Signaling Channel 16
Channel Selection ascending L1 Cyelic

Parameters

Civerlap Dial

Echo Cancellation | default +
AOC

O Generate AQC Charging Add Incoming Charging

[ Save || GoBack || Cancel |

Copyright @ 2010, All Rights Reserved

Line Parameters
CRC: Enable CRC4 multiframe format of framing mode.
Clock Mode: Synchronization clock source selection.
Master ... device provides synchronization clock to the line.
Slave 1,2 ... device is synchronized by the clock from the line. Slave 1 has higher priority
than Slave 2.
Longhaul RX: This option enables to increase the device radius by setting the receiving more
sensitive. Long haul parameter is within G.703 specification, that means it is also possible to connect
a standard device to the device with long haul.
Longhaul TX: This option enables to increase the device radius by setting transmitting more intense.
Long haul parameter is within G.703 specification, that means it is also possible to connect a standard
device to the device with long haul.
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ISDN Details
Switch Type: Select ISDN signaling variant.
Mode: Select ISDN signaling mode.

NT ... network side

TE ... terminal (CPE) side

Restart L3: Enable automatic restart procedure on 3rd layer for all voice channels. Restart procedure
starts after D-channel comming up and repeats every hour.

Channels
Channels: Available voice channels.
E1 line ... use channel range from 1 to 31.
T1 line ... use channel range from 1 to 24.
Avoid of collision with signaling channel.
Signaling Channel: Selection of signaling (ISDN D-channel) channel number.
Channel Selection: Method of the selection of outgoing voice channel.
Ascending ... search for the lowest available channel number.
Descending ... search for the highest available channel number
Cyclic: Enable cyclic search of available outgoing channel instead of sequential.

Parameters

Overlap Dial: Enable overlap dialing (consecutive dialing). If not enabled, complete called number in
SETUP is required.

Echo Cancellation: Enable echo canceller and select echo canceller tail length. Default setting of
echo canceller tail length is 64 milliseconds.

AOC

Generate AOC Charging: Enable generation of AOC metering pulses according selected AOC table.
Add Incoming Charging: If enabled metering pulses received from destination will be added to
metering pulses generated according AOC table.

BRI Trunks

List of BRI interfaces is displayed.

GUlwversion : 1.0 / Board Type : 2 Ll:ugl:n_lt

voiceadata

Trunks Traffic Globals

BRI Trunks Settings

BRI Interfaces

1 BRIA trunk 32,33 ON | Edit |
2 BRI trunk 35,36 on [ Eait |
3 BRIC trunk 38,39 oN [ Ediit |
4 BRID trunk 41,42 ON [ Edit |

Copyright @ 2010, All Rights Reserved www.inoteska. sk

Click Edit to set BRI Trunks parameters.
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GUl-version : 1.0 / Board Type : 2 Logaut

voice&data

Trunks Traffic System Dizghostics

Interface 2

General Settings

" Enabled

Name ~ BRIB DialPlan | trunk v W

General Settings

Enabled: Enable/Disable BRI Interface
Name: Interface Name

DialPlan: Dialplan for this BRI Trunk

Details
Extended settings are available after click on Details.

GUlversion : 1.0 / Board Type : 2 Ll:ug out

voiceadata

Horne Users Trunks Traffic Globals Systern Dizgrostics Specialz

Interface 2

Line Parameters

Clock Mode | Master v

ISDM Details

Mode | NT PTMP v

Channels

Channels =5

Channel Selection | Ascending » 7 Cyelic
Parameters

Overlap Dial

" Echo Cancellation | default +

ADC

E Generate AQC Charging  default Add Incoming Charging
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Line Parameters

Clock Mode: Synchronization clock source selection.
Master ... device provides synchronization clock to the line.
Slave 1,2 ... device is synchronized by the clock from the line. Slave 1 has higher priority
than Slave 2.

ISDN Details

Mode: Select ISDN Signaling Mode:
TE - Terminal side (Point to Point) CPE
TEPTMP - Terminal side (Point to Multipoint)
NT - Network side (Point to Point) CO
NTPTMP - Network side (Point to Multipoint)

Channels
Channel Selection: Method of the selection of outgoing voice channel.
Ascending ... search for the lowest available channel number.
Descending ... search for the highest available channel number
Cyclic: Enable cyclic search of available outgoing channel instead of sequential.

Parameters

Overlap Dial: Enable overlap dialing (consecutive dialing). If not enabled, complete called number in
SETUP is required.

Echo Cancellation: Enable echo canceller and select echo canceller tail length. Default setting of
echo canceller tail length is 64 milliseconds.

AOC

Generate AOC Charging: Enable generation of AOC metering pulses according selected AOC table.
Add Incoming Charging: If enabled metering pulses received from destination will be added to
metering pulses generated according AOC table.

Analog Trunks

Available analog HW interfaces.

GUlwversion : 1.0 / Board Type : 2 Ll:ugl:n_lt

voiceadata

Trunks Traffic Globals Systern Diagnostics

Analog Trunks Settings

Analog Interfaces

17 EM_1 E&M trunk B0 [ Unused ][ Edit |
18 EMi_z E&n trunk 51 [ Unused ][ Edit |
25 FXO_A FXO FramFxo B3 [ Unused ][ Edit |
26 FXO_B FXO FromFxo B9 [ Unused ][ Edit |
29 trunk_em_29 E&M trunk 72 [ Unused ][ Edit |
30 trunk_em_30 E&m trunk T3 @E

Copyright@ 2010, All Rights Reserved y

Each interface can be Edited or set as Unused.
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GUl-version : 1.0 f Board Type : 2 Logaout

voiceadata

Usars Trunks Traffic System Diaghostics

Edit Trunk Settings

General Settings

Trunk Type
Mame  Fxo_a
DialPlan " | FromFxo v
CID Mumber
Busy Detection
Enable
Count' 7

General Settings

Trunk Type: FXS, FXO, E&M — in accordance with HW configuration
Name: Interface Name

Dial Plan: Dial Plan for this Analog Trunk

CID Number: Optional. Caller ID for this Trunk.

Busy Detection
Enable: Check this if Busy Tone is detected.
Count: Enter count of Busy Tone rings to disconnect a call. Range is 3..12. Default value is 6.

GSM interfaces

List of available device GSM interfaces.

GUl-version : 1.0 /Board Type : 1 Logaout

voicetdata

Usars Trunks Traffic

GSM Trunks Settings

GSM Interfaces

1 GSM1 from_gsm 128 [ Eaiit ]
2 G5M2 from_gsm 129 @
3 GSM3 from_gsrm 130 [ Ediit ]
4 GEM4 fram_gsm 131 [ Eqiit ]

Copyright@ 2010, All Rights Reserve

Edit parameters of each GSM interface.
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GUI-version : 1.0 / Board Type: 1 Logout

voiceadata

Home Users Trunks Traffic Globals System Cizgnostics Specials

Edit Trunk Settings

General Settings
Mame GSM3
DialPlan fraom_agsm
FlIM Mumber oo0o
Echo Cancellation

Audia Level

From GEm 75

To G3h 4

[ seve ] [ cancet |

Copyright@ 2010, All Rights Resened w

General Settings

Name: A unique interface name to help you identify this trunk
Dial Plan: Dial Plan for this GSM Trunk

PIN Number: Enter valid PIN code to access GSM SIM card
Echo Cancellation: Enable echo cancellation on GSM module

Audio Level
From GSM: Speaker level in range 0..99. Default value is 91.
To GSM: Microphone level in range 0..15. Default value is 3.

3.1.3 Traffic

Calling Rules

Calling rules are divided into four groups according to the method of call routing (User-User, User-
Trunk, Trunk-User, Trunk-Trunk). This allows different patterns to be dialled to users and through
different trunks.You can optionally set three failover trunks to use when the primary trunk fails.
Note that this panel manages only individual call rules. See Dial Plans section to associate multiple
calling rules to be used for User and Trunk dialing.
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Calling Rules Settings

Calling Rules Groups
DialFlanis a collection of Call Rules. DialPlans are assigned to Users and Trunks.

Users to User

Calling Rules: Users to User New Calling Rules Group Name [ create |

Users to Trunk

[Gase ],
ToGSM [ Edit ][ Delete ]
Tosip | Edit | [ Delete |
Ll el

Trunks to User

Calling Rules: Trunks to User New Calling Rules Group Name [ create |

Trunks to Trunk

[cene ],
FromFxo H H
TOM_Analog E ﬁ
[Eon ) [osets |

Users to User — Edit

GUl-version : 1.0 / Board Type : 2 Ll:ug out

voiceadata

Home Trunks Traffic

Traffic = Calling Rules

Edit Calling Rule: LocalUsers

Pattern  _2wx

. 3
Permission Group Local calls v

Send to Local Destination

Local Destination | User DID v
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Pattern: Pattern of the DID number, <i>not</I> the pattern for the CID (caller id number). All patterns
are prefixed by the "_" character. In patterns, some characters have special meanings:

X ... Any Digit from 0-9

Z ... Any Digit from 1-9

N ... Any Digit from 2-9

[12345-9] ... Any Digit in the brackets (in this example, 1,2,3,4,5,6,7,8,9)

... Wildcard, matches anything remaining; i.e. _9011. Matches anything starting with 9011 (excluding
9011 itself)

I ... Wildcard, causes the matching process to complete as soon as it can unambiguously determine

that no other matches are possible.
For example, the extension _NXXXXXX would match normal 7 digit dialings, while _1TNXXNXXXXX
would represent a three digit area code plus phone number, proceeded by a one. Note: You may need

to add a rule with the pattern "s" (without the quotation marks) for each trunk. This signifies 'catch all',
meaning all calls with a DID not matching any other rules will match this.

Permission Group: Select Permission Group

Send to Local Destination
Local Destination: Select Local Destination from the list

Users to Trunk — Edit

GUl-version : 1.0 /Board Type : 2 Edit CallingRule ! Lagout

voiceadata

Traffic = Caling Rules

Edit Calling Rule: ToGSM

Pattern _09KKK
Permission Group MNational calls -
Send this call through trunk
Use Trunk CallGroup - GSM v [ Twa step Dial
Strip 0 digits from front Strip 0 digits from 1D front
and Prepend these digits before dialing and Prepend these digits oD
Ouse Failower Trunk 1
fail aver Trunk bt O Two step Dial M
Strip digits from frant Strip digits from IO front
and Prepend these digits hefore dialing and Prepend these digits toID

Copyright® 2010, All Rights Reser

Pattern: Pattern of the DID number, <i>not</I> the pattern for the CID (caller id number). All patterns
are prefixed by the "_" character. In patterns, some characters have special meanings:

X ... Any Digit from 0-9

Z ... Any Digit from 1-9

N ... Any Digit from 2-9

[12345-9] ... Any Digit in the brackets (in this example, 1,2,3,4,5,6,7,8,9)

... Wildcard, matches anything remaining; i.e. _9011. Matches anything starting with 9011 (excluding
9011 itself)

I ... Wildcard, causes the matching process to complete as soon as it can unambiguously determine

that no other matches are possible.
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For example, the extension _NXXXXXX would match normal 7 digit dialings, while _1TNXXNXXXXX
would represent a three digit area code plus phone number, proceeded by a one. Note: You may need
to add a rule with the pattern "s" (without the quotation marks) for each trunk. This signifies 'catch all’,
meaning all calls with a DID not matching any other rules will match this.

Permission Group: Select Permission Group

Send this call through trunk

Use Trunk - Defines the Trunk that calls, matching the specified pattern, will be placed through.

Strip ... digits from front - Allows the user to specify the number of digits that will be stripped from
the front of the dialing string before the call is placed via the trunk selected in \"Use Trunk.\" One
might; for example, want users to dial 9 before their long distance calls; however one does not dial 9
before those calls are placed onto analog lines and the PSTN, so one should strip 1 digit from the front
before the call is placed.

And Prepend these digits ... before dialing - Allows the user to specify digits that are prepended
before the call is placed via the trunk. If a user's trunk required 10 digit dialing, but users were more
comfortable performing 7 digit dialing, this field could be used to prepend a 3 digit area code to all 7
digit strings before they are placed to the trunk. User may also prepend a 'w' character for analog
trunks to provide a slight delay before dialing.

Two Step Dial - two-step dial
Strip ... digits from ID front - Allows the user to specify the number of digits that will be stripped from
the front of the ID string before the call is placed via the trunk selected in Use Trunk.

And Prepend these digits ... to ID - Allows the user to specify digits that are prepended before the
user's ID

Use FallOver Trunk 1

Fail over Tunk - Failover trunks can be used to make sure that a call goes through an alternate route,
when the primary trunk is busy or down If \"Use Failover Trunk\" is checked and \"Failover trunk\" is
defined, then calls that cannot be placed via the regular trunk may have a secondary trunk defined. If
a user's primary trunk is a VolP trunk, but one wants calls to use the PSTN when the VolIP trunk isn't
available, this option is a good idea.

Strip ... digits from front - Allows the user to specify the number of digits that will be stripped from
the front of the dialing string before the call is placed via the trunk selected in \"Use Trunk.\" One
might; for example, want users to dial 9 before their long distance calls; however one does not dial 9
before those calls are placed onto analog lines and the PSTN, so one should strip 1 digit from the front
before the call is placed.

And Prepend these digits ... before dialing - Allows the user to specify digits that are prepended
before the call is placed via the trunk. If a user's trunk required 10 digit dialing, but users were more
comfortable performing 7 digit dialing, this field could be used to prepend a 3 digit area code to all 7
digit strings before they are placed to the trunk. User may also prepend a 'w' character for analog
trunks to provide a slight delay before dialing.

Two Step Dial — two-step dial

Strip ... digits from ID front - Allows the user to specify the number of digits that will be stripped from
the front of the ID string before the call is placed via the trunk selected in Use Trunk.

And Prepend these digits ... to ID - Allows the user to specify digits that are prepended before the
user's ID

inoteska 35

SYSTEMS FOR VOICE AND DATA COMMUNICATION



VOICE&DATA ROUTER BA

Trunks to User — Edit

GUl-version : 1.0 /Board Type : 2 Apply Changes  Logout

voiceadata

Home Users Trunks Globals Systern Dizgnostics Specials

Traffic = Calling Rules

Edit Calling Rule: FromTrunk

FPattern _03332R8A
Send to Local Destination
Local Destination | User DID v
Strip 4 digits from front Strip 0 digits from IO front
and Prepend these digits 87 before dialing and Prepend these digits i} to 1D
Connect announcement before the call  testujme.wav w

Copyright@ 2010, All Rights Res

Pattern: Pattern of the DID number, <i>not</I> the pattern for the CID (caller id number). All patterns
are prefixed by the "_" character. In patterns, some characters have special meanings:

X ... Any Digit from 0-9

Z ... Any Digit from 1-9

N ... Any Digit from 2-9

[12345-9] ... Any Digit in the brackets (in this example, 1,2,3,4,5,6,7,8,9)

... Wildcard, matches anything remaining; i.e. _9011. Matches anything starting with 9011 (excluding
9011 itself)

I ... Wildcard, causes the matching process to complete as soon as it can unambiguously determine
that no other matches are possible.

For example, the extension _NXXXXXX would match normal 7 digit dialings, while _1TNXXNXXXXX
would represent a three digit area code plus phone number, proceeded by a one. Note: You may need
to add a rule with the pattern "s" (without the quotation marks) for each trunk. This signifies 'catch all’,
meaning all calls with a DID not matching any other rules will match this.

Send to Local Destination

Local Destination: Select Local Destination from the list

Strip ... digits from front - Allows the user to specify the number of digits that will be stripped from
the front of the dialing string before the call is placed via the trunk selected in \"Use Trunk.\" One
might; for example, want users to dial 9 before their long distance calls; however one does not dial 9
before those calls are placed onto analog lines and the PSTN, so one should strip 1 digit from the front
before the call is placed.

And Prepend these digits ... before dialing - Allows the user to specify digits that are prepended
before the call is placed via the trunk. If a user's trunk required 10 digit dialing, but users were more
comfortable performing 7 digit dialing, this field could be used to prepend a 3 digit area code to all 7
digit strings before they are placed to the trunk. User may also prepend a 'w' character for analog
trunks to provide a slight delay before dialing.

Strip ... digits from ID front - Allows the user to specify the number of digits that will be stripped from
the front of the ID string before the call is placed via the trunk selected in Use Trunk.

And Prepend these digits ... to ID - Allows the user to specify digits that are prepended before the
user's ID

Connect announcement before the call — select audio file from the list
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Trunks to Trunk — Edit

Pattern: Pattern of the DID number, <i>not</I> the pattern for the CID (caller id number). All patterns
are prefixed by the "_" character. In patterns, some characters have special meanings:

X ... Any Digit from 0-9

Z ... Any Digit from 1-9

N ... Any Digit from 2-9

[12345-9] ... Any Digit in the brackets (in this example, 1,2,3,4,5,6,7,8,9)

... Wildcard, matches anything remaining; i.e. _9011. Matches anything starting with 9011 (excluding
9011 itself)

I ... Wildcard, causes the matching process to complete as soon as it can unambiguously determine
that no other matches are possible.

For example, the extension _NXXXXXX would match normal 7 digit dialings, while _1TNXXNXXXXX
would represent a three digit area code plus phone number, proceeded by a one. Note: You may need
to add a rule with the pattern "s" (without the quotation marks) for each trunk. This signifies 'catch all’,
meaning all calls with a DID not matching any other rules will match this.

Send this call through trunk

Use Trunk - Defines the Trunk that calls, matching the specified pattern, will be placed through.

Strip ... digits from front - Allows the user to specify the number of digits that will be stripped from
the front of the dialing string before the call is placed via the trunk selected in \"Use Trunk.\" One
might; for example, want users to dial 9 before their long distance calls; however one does not dial 9
before those calls are placed onto analog lines and the PSTN, so one should strip 1 digit from the front
before the call is placed.

And Prepend these digits ... before dialing - Allows the user to specify digits that are prepended
before the call is placed via the trunk. If a user's trunk required 10 digit dialing, but users were more
comfortable performing 7 digit dialing, this field could be used to prepend a 3 digit area code to all 7
digit strings before they are placed to the trunk. User may also prepend a 'w' character for analog
trunks to provide a slight delay before dialing.

Two Step Dial - two-step dial

Strip ... digits from ID front - Allows the user to specify the number of digits that will be stripped from
the front of the ID string before the call is placed via the trunk selected in Use Trunk.

And Prepend these digits ... to ID - Allows the user to specify digits that are prepended before the
user's ID

Use FallOver Trunk 1

Fail over Tunk - Failover trunks can be used to make sure that a call goes through an alternate route,
when the primary trunk is busy or down If \"Use Failover Trunk\" is checked and \"Failover trunk\" is
defined, then calls that cannot be placed via the regular trunk may have a secondary trunk defined. If
a user's primary trunk is a VolP trunk, but one wants calls to use the PSTN when the VolIP trunk isn't
available, this option is a good idea.

Strip ... digits from front - Allows the user to specify the number of digits that will be stripped from
the front of the dialing string before the call is placed via the trunk selected in \"Use Trunk.\" One
might; for example, want users to dial 9 before their long distance calls; however one does not dial 9
before those calls are placed onto analog lines and the PSTN, so one should strip 1 digit from the front
before the call is placed.

And Prepend these digits ... before dialing - Allows the user to specify digits that are prepended
before the call is placed via the trunk. If a user's trunk required 10 digit dialing, but users were more
comfortable performing 7 digit dialing, this field could be used to prepend a 3 digit area code to all 7
digit strings before they are placed to the trunk. User may also prepend a 'w' character for analog
trunks to provide a slight delay before dialing.

Two Step Dial — two-step dial

Strip ... digits from ID front - Allows the user to specify the number of digits that will be stripped from
the front of the ID string before the call is placed via the trunk selected in Use Trunk.

And Prepend these digits ... to ID - Allows the user to specify digits that are prepended before the
user's ID
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Dial Plans

Dial Plan is a collection of Call Rules. Dial Plans are assigned to Users and Trunks.

GUlversion : 1.0 / Board Type : 2 Ll:ngl:u ut

voiceadata

Horne Users Trunks Traffic Globals Systern Dizghostics Specials

DialPlans Settings

DialPlan is a collection of Call Rules. DialFlans are assigned to Users and Trunks.

DialPlan - Users

DialPlan - Users Calling Rules Create New DialPlan

users LocalUsers, ToSip, ToTDM, ToGSM, ToAnalog, services Eﬁ

DialPlan - Trunks

DialPlan - Trunks Calling Rules Create New DialPlan ﬁ
trunk FromTrunk, TDM_analag, To_SIP [ Esit ][ Delete |
TestET To_SIF [ Edit ][ Delete |
FramFxo ﬁ ﬁ

DialPlan — Users - Edit

GUl-version : 1.0 | Board Type: 2 anges  Logout

voiceadata

Users Trunks Traffic Globals System Diaghostics Specials

Tratfic = Dial Plans

Edit DialPlan users

Calling Rules LU LS Localusers (v il add |

+ Locallsers W
4 ToTDM W
+ 4 TaSip W
+ 3 ToAnalog W
4 ToGSM [ Delete |

User's Extensions

‘ " Use Senices Codes ‘

Ignore Pattern

‘ " lgnorepat o ‘
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Add/Delete Calling Rules and use Downward/Upward Arrows to manage Calling Rules — move them
up or down.

User’s Extensions
Use Services Codes — Check this if user can use Services Codes

Ignore Pattern
Ignorepat - Ignorepat can be used to instruct drivers to not cancel dialtone upon receipt of a particular
pattern.

DialPlan — Trunks - Edit

GUl-version : 1.0 /Board Type : 2 Apply Changes  Logout

voiceadata

Horne Users Trunks Traffic Globals Systern Dizgrostics

Traffic = Dial Plans

Edit DialPlan trunk

w | adq |

[yl il FramTrunk

- FromTrunk w
+4 TOM_Analog [ Delete |
t [Deee]

Copyrigh 010, All Rights Resered

Add/Delete Calling Rules and use Downward/Upward Arrows to manage Calling Rules — move them
up or down.

AOC Tables Settings

AOC Tabels

Create/Delete/Edit AOC Tables.

GUlversion : 1.0 /Board Type : 2 Apply Changes  Logout
iceadat
Horme Users Trunks Traffic System Diaghostics
AOC Tables Settings L AOC Tables | | Time Tables || Holidays |
AOC Tables

‘ Tahle1 W 1l M I

Download AOC File
Right Click an the abave link and download using the 'Save Link As.' aption

0, All Rights
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AOC Tables — Edit

GUl-version : 1.0 / Board Type : 2

voiceadata

Home Uszers Trunks Traffic Systemn Liagnostics Specials

Prefix Table: Table1

Frefixes Time Tahle tablez w MMM

Prefix Table

Time Tables
Create/Delete/Edit Time Tables.

GUlversion : 1.0 / Board Type : 2 Voce&Data Router Reloaded ! Ll:ugl:n_lt

Home Users Trunks Traffic Systemn Diagnostics Specials

AOC Tables Settings | AOC Tables | [ Time Tables || Holidays |

Time Tables

iaklc2 | EditDeteils || Delete Table |

e | EditDetails || Delste Table |
iaklod | EditDeteils || Delete Table |
5 | EditDetails || Delste Table |
tabise | EditDeteils || Delete Table |
i | EditDetails || Delste Table |
tabise | EditDeteils || Delete Table |
e | EditDetels || Delste Table |
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Time Tables - Edit

GUl-version : 1.0 / Board Type : 2 Logout

voiceadata

Trunks Traffic

Time Tables: table3

Work Day Time Interval Create New ftem |0 -0 0|
o000 Ele Mo zzoo e o E a0 s [[get][lBack] [[EditDetailsi|[ Remave |
Weekend Time Interval Create New ltem |~ |

20:00 &0 1100 20 S [ Edit Details ][ Remove |
Holiday Time Interval Create New ltem | |
e L Eaitoetais || remove |

Copyright @ 2010, All Rights Re
Holidays

Create/Delete/Edit HolidaysTables.

GUlversion : 1.0 / Board Type : 2 Apply Changes  Logout

Trunks Traffic Systen rimghostics
AOC Tables Settings [ A0CTables | [ Time Tables | [ Holidays |

Holidays

‘ HolTahl" [ EditDeteils ][ Delete Table |

Copyrinht@ 2010, All Rinhts Re

Holidays — Edit

GUlwversion : 1.0 / Board Type : 2

Trunks Traffic Diagnostics Specials

Holidays: HolTabl1

pate [ [+ = [N
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3.1.4 Globals

SIP settings

General Preferences

GUl-version : 1.0 / Board Type : 2 Lagout

voice&data

Dizgnostics Specialz

SIP (Session Intitation Protocol) Configuration Settings

General Preferences TOS Debug MNotify AT Misc Jitter Buffer Codecs

Context default
Realm for digest authentication | Inoteska
LIDP Portto bind to 5060
IP address to hind to 0.0.0.0
Damain
Allow guest calls []
Overlap dialing support[+]
Allowe Transfars [#]
Enahle DNS SRY lookups (on outhound calls)
Pedantic []
Always auth reject[]
SIP Domain Support
From Domain
Auta Dormain ]
Allow External Domains [

[seve | [cancel |

Copyright® 2010, All Rights Resery

Context — Deafault Context for incoming calls

Realm for digest authentication - Realm for digest authentication.defaults to \'asterisk\'. If you set a
system name in asterisk.conf, it defaults to that system name. Realms MUST be globally unique
according to RFC 3261. Set this to your host name or domain name

UDP Port to bind to - SIP standard port is 5060

IP address to bind to - 0.0.0.0 binds to all

Domain - Comma separated list of domains which Asterisk is responsible for

Allow guest calls — Enable guest calls

Overlap dialing support — Enable dialing support

Allow Transfers — Enable transfers

Enable DNS SRV lookups (on outbound calls) — Enable DNS SRV lookups on calls

Pedantic - Enable slow, pedantic checking of Call-ID:s, multiline SIP headers and URI-encoded
headers.

Always auth reject - If this option is enabled, whenever Asterisk rejects an INVITE or REGISTER, it
will always reject it with a 4017 Unauthorized message instead of letting the caller know whether there
was a matching user or peer for their request.

From Domain - When making outbound SIP INVITEs to non-peers, use your primary domain
Videntity\' for From: headers instead of just your IP address. This is to be polite and it may be a
mandatory requirement for some destinations which do not have a prior account relationship with your
server.

Auto Domain - Turn this on to have Asterisk add local host name and local IP to domain list.

Allow External Domains - Allow requests for domains not serviced by this server.
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TOS

GUl-version : 1.0 /Board Type : 2 Apply Changes  Logout

voiceadata

Trunks Traffic Globals

Globalz = SIP zeftingz

SIP (Session Intitation Protocol) Configuration Settings

General Preferences  (TOS! Debug MNatify MNAT Misc Jitter Buffer Codecs

TOS for Signalling packets | ef v TOS for RTP audio packets  ef v
TOS for RTP video packets | ef W
Music On Hold Interpret  default Music On Hold Suggest
Language Enable Relaxed DTMF []
RTP TimeOut &a RTP HaldTimeOut
Trust Remate Party 1D [] Send Remate Party 1D []
Generate In-Band Ringing  never s Server UserAgent Inoteska
Allow Naonlocal Redirect [ Add 'user=phone'to LRI ]
DTHMF Mode  Hfcze3s » Send Compact SIP Headers [

Max Registrationf/Subscription Time  3s00
Min RegistrationfSubscription Time &0
Default Incoming!Qutgoing Registration Time 120
Min RoundtripTime (T1 Time) 100 Time between MW Checks 10

[Seve | [ Cancel]

Caopyright @ 2010, All Rights Reseny

TOS for Signalling packets - Sets Type of Service for SIP packets.

TOS for RTP audio packets - Sets Type of Service for RTP audio packets.

TOS for RTP video packets - Sets Type of Service for RTP video packets.

Music On Hold Interpret - This option specifies a preference for which music on hold class this
channel should listen to when put on hold if the music class has not been set on the channel with
Set(CHANNEL(musicclass)=whatever) in the dialplan, and the peer channel putting this one on hold
did not suggest a music class.

Music On Hold Suggest - This option specifies which music on hold class to suggest to the peer
channel when this channel places the peer on hold. It may be specified globally or on a per-user or
per-peer basis.

Language - Default language setting for all users/peers.

Enable Relaxed DTMF - Relax dtmf handling.

RTP TimeOut - Terminate call if 60 seconds of no RTP activity when we're not on hold.

RTP HoldTimeOut - Terminate call if 300 seconds of no RTP activity when we're on hold (must be >
rtptimeout).

Trust Remote Party ID - If Remote-Party-ID should be trusted.

Send Remote Party ID - If Remote-Party-ID should be sent.

Generate In-Band Ringing - If we should generate in-band ringing always use \'never\' to never use
in-band signalling, even in cases where some buggy devices might not render it. Default: never.
Server UserAgent - Allows you to change the user agent string.

Allow Nonlocal Redirect - If checked, allows 302 or REDIR to non-local SIP address Note that
promiscredir when redirects are made to the local system will cause loops since Asterisk is incapable
of performing a \'hairpin\' call.

Add ‘user=phone’ to Url - If checked, \'user=phone\' is added to uri that contains a valid phone
number.

DTMF Mode - Set default dtmfmode for sending DTMF. Default: rfc2833H.

Send Comapct SIP Headers - send compact sip headers.
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Max Registration/Subscription Time - Maximum duration (in seconds) of incoming
registration/subscriptions we allow. Default 3600 seconds.

Min Registration/Subscription Time - Minimum duration (in seconds) of registrations/subscriptions.
Default 60 seconds.

Default Incoming/Outgoing registration Time - Default duration (in seconds) of incoming/outoing
registration.

Min Roundtrip Time (T1 Time) - Minimum roundtrip time for messages to monitored hosts, Defaults
to 100 ms.

Time between MWI Checks - Default Time between Mailbox checks for peers.

Debug Notify

GUIversion : 1.0/Board Type: 2 Apply Changes  Logout

voiceadata

Harne Users Trurks Traffic Globals System Diaghaostics Specials

Globalz = SIP settings

SIP (Session Intitation Protocol) Configuration Settings

General Preferences TOS [NAT Misc Jitter Buffer Codecs

Sip Debugging
Enable SIP debugging []
Record SIP History[]
Durmp SIP History [

Status Notifications (Subscriptions)
Subscribe Context

Allow Subscribe []
Matify an Ringing [

[save | [ Cancel |

Copytight @ 2010, All Rights

Sip Debugging

Enable SIP debugging - Turn on SIP debugging by default.
Record SIP History - Record SIP history by default.

Dump SIP History - Dump SIP history at end of SIP dialogue.

Status Notifications (Subscriptions)

Subscribe Context - Set a specific context for SUBSCRIBE requests. Useful to limit subscriptions to
local extensions.

Allow Subscribe - Support for subscriptions.

Notify on Ringing - Notify subscriptions on RINGING state.
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NAT

GUl-version : 1.0/ Board Type : 2 Apply Changes Logout

voiceadata

Horne Users Trunks Traffic Globals Swstern Diagnostics

Globals = SIP settings

SIP (Session Intitation Protocol) Configuration Settings

Misc Jitter Buffer Codecs

General Preferences TOS Debug MNotify

Extern ip
Extern Host
Extern Refresh 10
Local Metwork Address

MAT mode -
Allow RTP Reinvite -

Copyright @ 2010, All Rights Reserved wnww.inoteska. sk

Extern ip - Address that we're going to put in outbound SIP messages if we're behind a NAT.

Extern Host - Alternatively you can specify an external host, and Asterisk will perform DNS queries
periodically. Not recommended for production environments! Use externip instead.

Extern Refresh - How often to refresh externhost if used. You may specify a local network in the field
below.

Local Network Address - \'192.168.0.0/255.255.0.0\' : All RFC 1918 addresses are local networks,
\'10.0.0.0/255.0.0.0\' : Also RFC1918, \'172.16.0.0/12\' : Another RFC1918 with CIDR notation,
\'169.254.0.0/255.255.0.0\' : Zero conf local network.

NAT mode - Global NAT settings (Affects all peers and users); yes = Always ignore info and assume
NAT; no = Use NAT mode only according to RFC3581; never = Never attempt NAT mode or RFC3581
support; route = Assume NAT, don't send rport.

Allow RTP Reinvite - Asterisk by default tries to redirect the RTP media stream (audio) to go directly
from the caller to the callee. Some devices do not support this (especially if one of them is behind a
NAT).

Misc

GUlwersion : 1.0 | Board Type : 2

voiceandata

Globals = SIP settings

SIP (Session Intitation Protocol) Configuration Settings

General Freferences TOZ Delbug MNotify [T Jitter Buffer Codecs

FAX Passthrough
T.38 fax (UDPTL) Passthrough []
Owuthound SIP Registrations
Register
Register TimeQut 2o
Register Atternpts o
Video
Max Bitrate (kbis) 354
Suppoart for SIP Video
Generate Manager Events [ ]
MonStandard &.726 Support[]

Copyright © 2010, All Rights Reserv
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T.38 fax (UDPTL) Passthrough - Enables T.38 fax (UDPTL) passthrough on SIP to SIP calls.
Register - Register as a SIP user agent to a SIP proxy (provider).

Register TimeOut - Retry registration calls at every \'x\' seconds (default 20).

Register Attempts - Number of registration attempts before we give up; 0 = continue foreverp.

Max Bitrate (kb/s) - Maximum bitrate for video calls (default 384 kb/s).

Support for SIP Video - Turn on support for SIP video.

Generate Manager Events - Generate manager events when sip ua performs events (e.g. hold).
NonStandard G.726 Support - If the peer negotiates G726-32 audio, use AAL2 packing order instead
of RFC3551 packing order (this is required for Sipura and Grandstream ATAs, among others). This is
contrary to the RFC3551 specification, the peer _should_ be negotiating AAL2-G726-32 instead.

Jitter Buffer

GUl-version : 1.0 / Board Type : 2 Apply Changes  Logout

voiceadata

Zlobals = SIP zettings

SIP (Session Intitation Protocol) Configuration Settings

General Preferences TOS Debug Motify MNAT kdisc Er.Jlﬂér El’uﬁe’r; Codecs

Enahle Jitter Buffer[]
Faorce Jitter Buffer []
Log Frames []
Wax Jitter Buffer
Resync Threshold
Implementation -

Lseve | | concel |

Copyright @ 2010, All Rights Res

Enable Jitter Buffer - Enables the use of a jitterbuffer on the receiving side of a SIP channel.

Force Jitter Buffer - Forces the use of a jitterbuffer on the receive side of a SIP channel.

Log Frames - Enables jitterbuffer frame logging.

Max Jitter Buffer - Max length of the jitterbuffer in milliseconds.

Resync Threshold - Jump in the frame timestamps over which the jitterbuffer is resynchronized.
Useful to improve the quality of the voice, with big jumps in/broken timestamps, usualy sent from
exotic devices and programs. Defaults to 1000.

Implementation - Jitterbuffer implementation, used on the receiving side of a SIP channel. Two
implementations are currenlty available - \fixed\' (with size always equals to jbmaxsize) and
\'adaptive\' (with variable size, actually the new jb of IAX2).

Codecs

GUlwversion : 1.0 /Board Type : 2 Apply Changes  Logout

voiceadata

Globals = SIP settings

SIP (Session Intitation Protocol) Configuration Settings

General Preferences TOS Debug Motify PAT kisc Jitter Buffer Cadecs/
Allowed Codecs Hu-taw E a-law O esmE e rzg CH.261 EHz2e3 [ H.264

Copyright @ 2010, All Rights Reserved wwww.inoteska. sk

Select allowed codecs from the list.
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RTP/UDPTL Settings

GUl-version : 1.0 / Board Type : 2 Logout

voicecdata

Trunks Traffic Globals System Diaghostics

RTP/UDPTL Settings

RTP/UDPTL Port Range

Startpot'” 10000

Endport' " 10100

Copyright @ 2010, All Rights Reserved www.inoteska.sk

Start port - The first port of port range allocated for RTP/UDPTL session.
End port - The last port of port range allocated for RTP/UDPTL session.

Call Groups

Create New CallGroup or Edit/Delete the Call Group from the list.

GUlversion : 1.0 / Board Type : 2 Lljgljut

voiceadata

Trunks Traffic Globalz Systam Dizghaostics Specialz

CallGroups Settings W

Call Groups List

all Group

BRI BRIBRIA, BRIBRIB, BRIBRIC, BRIBRID [ Edit ][ Delete |
GSM GEMGEMA, GEMGEMB, GEMGEMC, GIM GSMD [ Edit ][ Delete |
ANALOG FROFHO_A, E+MEM_1, E+htrunk_erm_29 [ Edit || Delete |

Copyright@ 2010, All Rights Resened www inoteska sk
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Call Groups — Edit

GUlversion : 1.0 /| Board Type : 2 Ll:ug out

voiceadata

Haome Uzers Trunks Traffic Globalz System Diagnostics

Edit - BRI

CallGroup name BRI

Call Group Members Available Trunks

BRI:BRIA FrOnFxo_a
BRI:BRIB FROiFR0_B
BRI:BRIC E+M:EM_1
BRI:BRID E+MiEM_2
E+M:trunk_em_z22
E+M:trunk_erm_30
E1l :E1A
GEMIGEMA
GEMIGSME
GSMIGEMC
GSMIGEMD

Lo ]
=
[=]
[ ]
Channel Selection ascending | 7 Cyelic

[ seve ][ Cance ]

Call Group options

CallGroup name - User defined Name for CallGroup. Will be displayed in the list of trunks.
Call Group Members - List of trunks in Call Group.
Available Trunks - List of all available trunks.

Call Group options
Channel Selection - Method of the selection of outgoing voice channel.
Ascending ... search for the lowest available channel number.
Descending ... search for the highest available channel number
Cyclic - Enable cyclic search of available outgoing channel instead of sequential.

Ring Groups

Create New RingGroup or Edit/Delete any RingGroup from the list.

GUlversion : 1.0 / Board Type : 2 Lu:ngu:uut
Users Trunks Traffic Glabals System g s
RingGroups Settings [ New RingGroup |
RingGroup List
Froduct 260, 201, 206, 222 [ Edit ][ Delete |
Products 260, 202, 210, 208 [ Ediit ][ Delete |

inoteska 48

SYSTEMS FOR VOICE AND DATA COMMUNICATION



VOICE&DATA ROUTER BA

Ring Groups - Edit

GUl-version: 1.0 /Board Type: 2 Edit RingGroup ! Logout

voiceadata

Uzers Trunks Traffic Globals System Diagnostics

Edit RingGroup - Product

RingGroup Mame Product

Ring Group Members Available Users

250 {SIP) User 250 251 (SIP) User 251
201 (TOM) User 201 202 (TDM) User 202
206 (TDM) User 206 203 (TDM} User 203
222 (TDM} User 222 204 (TDM) User 204
205 (TDM) User 205
207 (TDM} User 207
208 (TDM) User 208
209 (TDM) User 209
210 (TDM} User 210
711 (TDM} User 211
212 (TDM} User 212

|

EEEE

i<

Ring Group Options
Strategy Ring in Order b
Secaonds to ring each member 20
If not answered Goto Hangup R

RingGroup Name - User defined Name for RingGroup. Will be displayed in the list of users.

Ring Group Options
Strategy — The strategy used.

Ring Groups

Carriers - list of operators/carriers.

GUl-version : 1.0 /Board Type : 1 Apply Changes  Logout

voicetdata

Users Trunks Traffic System Diaghostic

Carriers Settings Create Mew

List of Carriers

‘ Cartier1 0380 Generate WW
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For each operator you can define:

GUl-version : 1.0 / Board Type : 2 Apply Changes  Logout

voiceadata

Trunks Traffic 3 Ciaghostics

Globalz = Carriers

Carrier's Options

Details

wame © L
carerprens ||

Security Code ?
Ringing Tone O

[save [ cancel |

Copyrinht @ 2010, All Rinhts Reser inoteska.sk

Name — Define Name of Operator.

Carrier Prefix — Define access code for Carrier.
Security Code — Define PIN for using Carrier’s services.
Ringing Tone — Check this if Ringing tone is connected.

Permissions
Permission Group is a collection of Permission Flags (1 to 16). Permission Group serves for the

Users. Permission Flags serves for the Calling Rules.
Permission Settings Sawe Changes Cancel Changes

Fermission Group is a collection of Permission Flags {1 to 16). Permission Group serves forthe users. Permission Flags serves for the Calling Rules.

Permission Groups

Administrator
Users

Guest

I o o A Y W AR ER R CU AR 3|
Oo0oooooOooOo®AE
Oooooooooo®EAE
Oo0ooooooooor
Oo0ooooooooor
Oooouooooooor
Oo0ooooooooor
Oo0ooooooooor
Oo0ooooooooor
OoooooooooomE
Oo0ooooooooor
I o o A R W A 5
Ooooooooooor
OoooooooooomE
Oo0ooooooooor
I o o A R W A 5

Permission Flags

1 Local calls

2 Mational calls

3 International calls
4 flags

g flagd

B flags

7 flage

2 Flan7?
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Services Codes

GUIversion : 1.0 / Board Type : 2 Ll:ugl:n_lt

voiceadata

Usars Trunks Traffic System Diagnostics

Services Codes Settings

Set Call Fonwarding *21*
Set Call Forwarding if user is busy *z2z2*

Set Call Forwarding ifno respond *z23% Mo respond time: 12

Clear Call Forwarding *21#
Clear Call Forwarding if user is busy *z2z#

Clear Call Forwarding ifno respond #2354

Set Do Mot Disturh *73

Clear Do Mot Disturk *79

Copyright @ 2010, A

CDR Settings
CDR Details

GUlversion : 1.0 / Board Type : 2 Ll:ug out

voiceadata

Home Uzers Trunks Traffic

CDR Settings

CDR Details

COR Mote ' [reco
COR Userto User
CDR Trunkto User
CODR Userta Trunk

CDR Note - User defined string.

CDR User to User — CDR records between two users.
CDR Trunk to User — CDR records from trunks to users.
CDR User to Trunk — CDR records from users to trunks.
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CDR Records

CDR records in accordance with CDR details set.

GUl-wversion : 1.0 / Board Type : 2

voicea:data

Trunks

CDR Settings [ cORDetsils | [[CDERecords

CDR Records

Fefresh “iew Delete File

recD0,201,2011-11-03 13:37:40,3,s,
res0,201,2011-11-03 13:37:54,3,s,
recD,201,2011-11-03 13:38:34,6, s,
recD,201,2011-11-03 13:38:59,4,=,
recD,201,2011-11-03 13:52:45,4,s,
recD0,201,2011-11-03 13:52:56,2,s,
rees0,202,2011-11-03 1%:53:11,3,s,
recO,202,2011-11-03 13:53:20,3,s,
recD,202,2011-11-03 13:58:04,4, =,
recD,202,2011-11-023 13:58:31,3,s,
recO,202,2011-11-03 14:01:46,0,s,
rees0,201,2011-11-03 14:02:43,0,s,
recO,202,2011-11-03 14:06:07,3,=,
recD,202,2011-11-03 14:15:10,3, =,
recO0,205,2011-11-03 14:30:53,4,s,
recs0,205,2011-11-03 14:31:20,2,s,
recD,205,2011-11-03 14:31:30,3,s,
recO,205,2011-11-03 14:33:07,7, =,
recO,205,2011-11-03 14:34:09,5,=,
recO, ,2011-11-03 14:34:24, 6,5,

receO, ,2011-11-03 14:34:40,3,s,

recO, ,2011-11-03 14:36:24,4,s,

recO, 9049,2011-11-03 15:04:44,2, 250, IN
recd,9040,2011-11-02 15:34:32, 1,205, IN
rec0,59,2011-11-03 15:34:43,0,205, I8
recO, 205, 2011-11-04 10:09:59, 3, s,
recO,205,2011-11-04 10:13:08,3,s,
recO,205,2011-11-04 10:13:30,2, =,
recl 20 _2MN11—11-N4 12 :4M:-41_ 12 _ZNS.TW

Announcement Settings

Management of announcement files.

Settings

GUIwersion : 1.0 / Board Type : 2

voiceadata

Announcement Settings | Settings | | Upload File | | Record File | [ Play Sound |

Announcement Files

1 welcome_message wav | DawnlaadFile || Delete File |

2 test? way M w
3 dihyozharm way MM
4 test?_js way M W
5 testd way w M
[ aznamt wav w w
7 oznam0d.way Ww
g oznami wav M w
g testujme.wav WM
10 abcaway M W
11 testd way w M
12 totwy | Download File || DeleteFile |
13 Janka.way | Download File || Delste File |
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Upload File

GUIversion : 1.0 / Board Type : 2 Ll:ug out

voiceadata

Users Trunks Traffic Globals Systern Diagnostics Specials

Announcement Settings | Setings | [ \UploadFile:| | RecordFile | | Play Sound |

Upload Announcement File

Upload File

@ |[ Prehladavat..

sl

Copyright@ 2010, All Rights R

Record file

Select a user and enter new name of the audio file without an extension (such as.:
welcome_message). After pressing "Start" button selected user is ringing.
Pick up the phone. Wait for the sound tone and then say new voice message.
Confirm the end of message by pressing "#" at the phone.

GUIversion : 1.0 / Board Type : 2 Ll:ugl:n_lt

voiceadata

Trunks Traffic

Announcement Settings | Setings | | Upload File | | {Record File | [ Play Sound |

Record New Announcement File

Selecta user and enter new name of the audio file without an extension {such as.welcome_message).
After pressing "Start” button selected user is ringing.
Fick up the phone. Wait for the sound tone and then say new woice message.
Confirm the end of message by pressing "#* atthe phone.

Recard File

Extension SIP User -- 250 % Announcement File Name w

Play sound
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GUI-version : 1.0 / Board Type : 2 Laogout

voiceadata

Traffic

Announcement Settings [ setings | [ Upload File | [ Recard File | [IPiaw & 7

Play Announcement File

Selecta user and the name of sound file.
After pressing "Start” button selected user is ringing
Fick up the phone and the sound file is played

Flay Sound

Extension SIP User -- 250 % AnnouncementFile  welcorme_rnessage.waw % W

3.1.5 System

IP settings
— settings for LAN,WAN, DNS, HOSTNAME

GUIversion : 1.0 / Board Type : 2 Ll:ugl:n_lt

voiceadata

Hore { Traffic

IP Settings

LAN eth

Mode: static w
IP Address: 192.168.2.136]
Mask: |255.255.255.0

Gateway
MAC Address [¥] Default

WAN ethil

Mode:  static »
IF Address: 192.168.1.136
Mask 255.255.255.0

Gateway 192.165.1.123
MAC Address [¥] Default

DNS
Server Address 192.168.1.210
Server Address

HOSTNAME Inoteska

[ seve ][ cance |
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RoutingTables

Create, Modify,Delete of list of Routing tables, you can set IP address,Mask, Gateway for each
Route

GUI-version : 1.0 / Board Type : 2 Logout

voiceadata

Users Trunks Traffic Swstem Diagnostics

Routing Tables Settings

Create MNew kodify Selected Delete Selected

List of Routes

Mo Data Found!ll

Copyright @ 2010, All Rights

GUlversion : 1.0 /Board Type : 2 L|:|g|:||_1t

voiceadata

Uszars Trunks Traffic Globals ) &rn Diaghostics

Add or Edit Route

IP address: |
Mask: |255.255.255.255

Gateway:

[ save |[ Cancel |

Copyright @ 2010, All Rights

Firewall

General Settings

GUIversion : 1.0 / Board Type : 2 Ll:ugl:n_lt

voiceadata

Home Uszers Trunks Traffic Globals System Diaghostics Specialz

Firewall Settings | Editinput Firewall | | Edit Forward Firewall | | Edit DNAT |

General Settings

Enable Input Firewall ? Global Policy | DROP  |»
Enahble Farward Firewall ? Global Policy © |DROP  (w
Enable Source MAT
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Enable Input Firewall - Enables/Disables Firewall functions.

Global Policy - Select Accept for enalble or Drop for disable as a default policy.
Enable Forward Firewall - Enables/Disables Route functions.

Global Policy - Select Accept for enalble or Drop for disable as a default policy.
Enable Source NAT - Enables/Disables NAT functions for LAN to WAN traffic.

Input Firewall Details

GUl-version : 1.0 / Board Type : 2 Lo gout

voice&ndata

Firewall Settings

Input Firewall Details

' tep ACCERT wan 10.1.1.0124 22 [ Edit ][ Delete |
+ tep ACCEPT wan 195.91.0.017 80 [ Edit ][ Delete |

Copyright @ 2010, All Rights Reserved wiwwinote

Add New/Delete all/Edit Firewall Rules. Use Downward/Upward Arrows to manage Calling Rules order
— move them up or down.

Input Firewall Rule

GUIversion : 1.0 | Board Type : 2 |_|:|g|:||_lt

voiceadata

Home Usars Trunks Traffic Globals Systam Diagrostics Specials

Firewall Settings

Input Firewall Rule

Protocal " tcp  w

Palicy | ACCEPT »

Interface " wan v

Src Address | 10.1.1.0 P za
Sre Port' to
DstPot' |22 to

Protocol - The rule is applicated for selected protocol only.
Policy - Select Accept for enalble or Drop for disable this rule.
Interface - The rule is applicated for selected interface only.
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Src Address/... - The address can be entered in this forms: anywhere, a.b.c.d (192.168.1.15),
a.b.c.d/e (192.1.168.0/24), a,b.c.d/m1.m2.m3.m4 (192.168.1.0/255.255.255.0) / Network mask.
Src Port ... to ... - The port can be entered in this form:
all,p 80:81 HTTP/TCP

5060 SIP/UDP

20:21 FTP/TCP

22 SSH/TCP

25 SMTP /TCP

53 DNS/UDP

123 NTP/UDP

161:162 SNMP/UDP
Dst Port ... to ... - The port can be entered in this form:

all,p 80:81 HTTP/TCP

5060 SIP/UDP

20:21 FTP/TCP

22 SSH/TCP

25 SMTP /TCP

53 DNS/UDP

123 NTP/UDP

161:162 SNMP/UDP

Forward Firewall Details

GUlwversion : 1.0 / Board Type : 2 Ll:ugl:n_lt

voice&data

Firewall Settings

Forward Firewall Details

Logout

Firewall Settings

Forward Firewall Rule

Protocal ' udp
Policy ' | ACCEPT (&
Src Interface lan - Dst Interface wan
Sro Address I Dstaddress ' 8.5.3.3 [
Sre Port' to Dist Part to

[ Save Recard | [ Cancel |

Copyright © 2010, All Rights Reserve inoteska.sk
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Protocol
Policy

Src Interface
Src Address
Src Port

Dst Interface
Dst Address
Dst Port

DNAT Details

GUl-version : 1.0 / Board Type : 2 Lo gout

voice&tdata

Hore Uzers Trunks Traffic

Firewall Settings

DNAT Details

‘ Order Protocol Src Address WAN Port LAN Address LAN Port : ) O

tcp a0s0 19216811 ans0 ﬁw

DNAT Details - Edit

GUlversion : 1.0 / Board Type : 2 Ll:ug out

voiceadata

Harne Users Trunks Traffic System Diaghostics Specials

Firewall Settings

DNAT Rule

Pratacal " tep  w
Sre Address 19
Wiak Port' " sos0 to

LAM Address ' [192.168.1.1 | 4
LaM Port' " s0s0 to
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Options

— settings of General Preferences, Change Password, Reset Configuration, Reboot, DHCP
server

GUl-version : 1.0 / Board Type : 2 Ll:ug out

voiceadata

Users Trunks Traffic Globals Systern Diagrostics

Change Password

Change Password Reset Configuration Rehoot

Enter Mew Password

Retype Mew Passward

GUlversion : 1.0 /| Board Type : 2 Lljgl:lut

Trunks Traffic

Reset to Factory Defaults

Change Password Feset Configuration Fehoot

Backup pane.

Keep Metwork Settings

Copyright @

GUl-version : 1.0 / Board Type : 2 Logaut

voiceadata

Home Usars Trunks Traffic Globals System Diaghostics Specialz

Reboot Appliance

Change Password Feset Configuration Reboot
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Backup&Upload

— Backup of actual configuration of Restore/Upload of older one from the list.

GUl-version : 1.0 / Board Type: 2

voice&data

Hame Uzers Trunks Traffic Globals Syster

Backup / Restore Configurations WW

List of Previous Configuration Backups

1 hackup2_2011mar30_090§12 Mar 30, 2011 | Downlosd from Unit || Restare || Delete |
2 hackup2_2011aug11_082814 Aug 11,2011 | Download from Unit || Restare || Delete |
3 hackup2_2011jun08_160550 Jur 08, 2011 | Download from Unit || Restare || Delste |
4 hackup?_2011jun08_082525 Jun 08, 2011 | Download from Unit || Restare || Delete |
5 hackup2_20115ep03_140813 Sep 09, 2011 | Download from Unit || Restore || Delete |
B hackup2_2011jun08_123843 Jun 08, 2011 | Download from Unit || Restare || Delste |
7 hackup2_20110ct24_175944 Oct 24, 2011 | Download from Unit || Restare || Delete |
8 hackup2_2011novi5_144033 Mov 15, 2011 | Download from Unit || Restare || Delete |

0, All Rights Re

GUI-version : 1.0 / Board Type : 2 Logout

Horme Uzers Trunks Traffic

Upload a previous backup File | Listof Backups || Upload Backup File |

File Uploading
a Upload

. |[ Prehladévat..
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Firmware Update

GUl-version : 1.0 / Board Type : 2 Logout

voiceadata

Trunks s Diagnostics

Firmware Update

Firmware Source

a O use TFTP Url Address

[ use HTTF Url Address

O useFile

I Prehfadivat

Date&Time
— Date&Time Settings, Time Zone settings, NTPServer Settings

GUlwversion : 1.0 / Board Type : 2 Lljgl:lut

Users Trunks Traffic Globals Systern Diagnostics Specialz

Date and Time Settings

Date and Time Settings
Drate (DD MM YY) 15 Y 11 2011
Tirme (HH MM S8) 7 20 Y (24 ¥ [zn

Time Zone Settings
Timezone (GMT+01:00) Belgrade, Bratislava, Budapest, Ljubljana, Frague %
0 Day Light Saving

MTF Server Settings
O 7 NTP enabled

Server Addrass Update Intereal

[seve ][ cancel |
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3.1.6 Diagnostics
Port Status

GUI-version : 1.0 / Board Type : 2

voiceadata

Horne § Trunks Traffic

Port Status [ Enable Anto Updating FEL/TL il M

110, All Rit

GUl-version : 1.0 /Board Type : 2

voiceadata

Horme Zaf Trunks

Port Status [JEnable Auto Updating | BRI v

BRI Status

————— ERI Interfaces -----—
BERI-A Mode:NT Layerl: UP

BERI-E Mode:NT Layerl: DOWN
ERI-C Mode:NT Layerl: DOWN
ERI-D Mode:NT Layerl: DOWN

PRI span Z/0: Provisioned, Up, Active
PRI span 3/0: Provisioned, Up, Active
PRI span 4/0: Provisioned, Up, Active
PRI span 5/0: Provisioned, Up, Active

10, All Rights

Active Services

GUlwersion : 1.0 / Board Type : 2

Active Services [ Coelete User | [ Delete A |

———<Afger>=-—-——-—————— Do Hot Distwh ———————-—————— ~Enahle>————

== 201 @ 1

—-> 203 @1

- ——<liser&gt

—-> 203

-——<llser&gt--- Call Forwarding if User is Bussy ---—<ForwardSgt-—-—
—-> 203

———<Uiser&gt--—- Call Forwarding if no Respond ——-—— ~Forvardigt ——
—-> 203 T 202

->= 204 : 201
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Identification

Identification

Details

[BASIC]

TYPE=ITX4024201

SH=402420100014

ID=6086

DATE=20.12. 2010

MaN=103,105

DPS=ITE 256 02

PROD=INOTESKA
ADR=PODTUREN-ROVENZZ1, LIPTOVSKY HRADOK, 03301
TEL=+421445567911,+421303360360
MATL=MATLRTHOTESKA. 3K

=T, INOTESKAL. SK

Hi=2000

RD=D

SDRAM=6 4

FLASH=EM

HAND=128M

CARD=5D

FPGA=TCDP1CAQZ40CH

CPU=EF527

CON=1

El=1

ETH=2

LNA=32

BRI=4

G5M=4
SERVP=F3DElAF32994DA01EAD209293C6157E0
[CONFIG]

TYPE=ITX4024201

SH=402420100014

ID=6086

USERS=108

USERE=108

El=0
ANA=0,1,%,3,4,5,6,7,8,9,10,11,12,13,14,15,16,17,18,19, 20,21 ,22,23,24,25, 26,27, 28, 29,30, 31
ETH=0,1

ERI=0,1,2,3

[ FUNCTIONS ]

Debug messages

GUl-version : 1.0 | Board Type : 2 Logaout
iceadat
Harne zers Trurks Traffic
Debug Messages |iStat DEBUGS | | Stop DEBUG |
Status

List of messages is ON

10, All Rig

W ax Reguests | Debug Error [¥] consale [ Info Wamings @

Mo log messages
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System Status

GUIwversion : 1.0 / Board Type : 2 Ll:ugl:n_lt
' dat
Horne Users Trunks Traffic

System Status InoteskaGUI 1.0 uCpbUNI-APPLIAMCE Yersion 3.2.0
Systemn Time: 20:32:43 Uptime: & days

CRLL .
Current Active Channels: 0-2 P sage
Total Active P . Wermory Usage: —-
otal Active Processes: 78.1315% of 44 9063 ME
Kermel: 2.6.22.18-AD1-2008R1 astlin-svn Root Filesysterm Usage:
Fitrrware: 595021 _B.ZIP FA% of 13.9912 MB h\ V
Tatal Vaicemails: '0' Using 0.0214844 MB of space Persistent Filasystam Usage: \\_ -

69% of 120 MB -

File Editor

GUlversion : 1.0 / Board Type : 2 Ll:ngl:u ut

Home Sers Globals fi Diagnostics Specials

File Editor

logger.conf
aoc.conf
users,conf
sip.conf
modules.conf
rnusiconhold.conf
rtp.conf
indications .conf
codecs,conf -
features.conf

cdr_custorn.conf

http.conf

cdr.conf

asterisk.conf l
zapata.conf

manager.conf
manager/trafic.conf
manager/ext_globals.conf
manager/tdm.conf b

GUl-version : 1.0 / Board Type : 2

voice&ndata

Haorne

File Editor Create New Config File

Mew FileMame w E

(Ex: newfile.conf)
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IP Tables Tests

SMS Manager Tests

3.1.7 Specials

AOC Web Update

GUl-version : 1.0 /Board Type : 2 Logout
[ dat
orme Trunks Traffic Systam Diaghostics
AOC Update Service Settings W
Details
Domain Marme or IP Address aoc.sramko.gu

Wiorking Directory Name
FPeriodicity regularly every 4 % hour
[ evary day at E o'clock

Repeat Count' | 3

[ save | [ cance |

010, All Rights Resered

Domain Name or IP Address : name or address of web server where AOC files are saved

Working Directory Name : directory name on server where AOC files are saved (item can be blank if
files are in server main directory)

Periodicity : periodicity of AOC files correctness control, it is possible to choose either time interval
(every 1, 4, 6 or 12 hours) or hour when control will be done

Repeat Count : number of repeated files control (used when control is executed with error)

Check AOC File Now: runs immediate control of AOC file. After successful completion, name of
currently used AOC file is displayed — see pic below.

GUlwersion : 1.0 /Board Type : 2 Logout

voiceadata

AOC Update Service Settings QO Fi

Current AOC File version:

aoctable_orig_w1_1.bd

Details

Domain Name or IP Address aovc.sramko.eu
Warking Directory Mame
Periodicity regularlyever‘y’ 4 % hour
Devery day at : o'clock

Repeat Count 3 W

[save | [ concel |

Copyright @ 2010, All Rights Reserve
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4. SALES CONDITIONS

Warranty:
Product warranty period is 24 months from the date of delivery or installation. Warranty does not
apply in case of an accident, handling by a non-professional or improper use or force majeur.

Delivery:
Standard delivery time is max. 6 weeks from the signing of the purchase order or after mutual
agreement.

Contact:

Inoteska s.r.o.
Podturen-Roven 221
Liptovsky Hradok
033 01

Slovenskéa Republika

Tel.: + 4214455679 11
Fax: + 421445221 519
Hotline: + 421 902 774 538

Web: www.inoteska.sk

E-mail: email@inoteska.sk

VAT no.: SK2020428300

Bank information: VSeobecna Uverova banka a.s.
Account no.: 616243342/0200

SWIFT code: SUBASKBX

IBAN: SK3402000000000616243342

Sales department:

Ing. Lubica Brtarnova 0903 826 079

Ing. Pavel Wolf 0903 800 133
Technical department:

Ing. Pavol Perdek 0903 519 908

Ing. Pavel Wolf 0903 800 133
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