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Trademarks
* Microsoft, Windows, Windows XP, Windows Vista, Windows 7 and Internet Explorer
are either registered trademarks or trademarks of Microsoft Corporation
in the United States and/or other countries.
« All other trademarks identified herein are the property of their respective owners.
 Microsoft product screen shot(s) reprinted with permission from Microsoft Corporation.

1. Introduction

Objective:
A Digital Gateway is required to supplement existing PBX functionality.

It will provide the means of establishing a simple E1 PRI/R2 interface connection

This Setup Reference Guide describes the configuration to interconnect between the Panasonic PBX
(KX-NS1000 series), the Digital Gateway (E1 PRI/R2 Gateway), and Carrier Land line (E1 PRI/R2).

The items above are interconnected using SIP protocol between the PBX and Digital Gateway.

Results (confirmed operation):

1-1 Receiving and making a Call
Calls between test environment are possible.
The Caller ID displayed on the LCD screen of Panasonic terminal and UT(SIP) Extension.

Incoming calls from PBX trunk lines also display the Caller ID (according to system settings).
1-2 Conversation with G.711 and G.729
Use of the above codec is possible, providing PBX settings allow this.

(e.g. KX-NS1000 (V-UTEXT32,V-IPEXT32,V-SIPEXT32) settings)

1-3 Placing a call on-hold and retrieving a Call that is on-hold

These features are confirmed by KX-NS1000 control.

1-4 Transferring Call

The transferring of a Call to another destination is confirmed by KX-NS1000 control.

1-5 Call Forwarding
This feature is confirmed by KX-NS1000 control.

Attention: The content of this document is made up by verification results. It is no guarantee.




2. Approach to Interconnection

(1) For the Panasonic IP-PBX, the Virtual SIP Trunk (V-SIPGW32) is used to interconnect the IP-PBX

to a land line phone via the Mediatrix Digital gateway. The Mediatrix Digital Gateway is placed at
the head office. For this setting of the Digital Gateway, only the ETH1 interface is used.
All SIP traffic between the IP-PBX and the Mediatrix Digital Gateway.

(2) The Mediatrix Digital Gateway operates to ensure correct interconnection between the IP-PBX
V-SIPGW32 virtual circuit card and the E1 PRI/R2 interface of each countries.
The Mediatrix Digital gateway provides the following functions:

- The IP-PBX is connected to E1 PRI/R2 land line via the Mediatrix Digital Gateway.
- The PBX settings are the SIP Trunk setting only.



3. System configuration example

3.1 Diagram of system configuration example

The NS1000 SIP Trunk and the Mediatrix GW not have to register to each units as for SIP registration.

KX-NS1000 Mediatrix Digital Gateway
~ 192.168.0151  SIP Trunk 192.168.0.10

E1 connection/Slot2

F HUB ETH1 4
- e — ’
: : LAN — L L
Model 3631
(A) Phone2(Ext102) to Phonel(Ext301)
—_—p <

(B) Phonel(Ext301) to Phone2(Ext102)

Extension

B

Number: 3001 Number:3002 Maintenance PC(DHCP) Number: 2222 Number: 2223
Ext: 301 Ext: 302 (e.g., 192.168.0.168) Ext: 102 Ext: 103
Phone 1 Phone 2

NS1000 DDI/DID Table PBXs DHCP Server E1 Party DDI/DID Table
Number: Destination 192.168.0.161 to 170 Number: Destination
3001 : Extension 301 NTP Server : Enable 2222 : Extension 102

3002 : Extension 302 2223 : Extension 103

3.2 E1 PRI/R2 Gateway Configuration example
3.2.1 Digital E1 PRI/R2 Gateway Contents of main network settings (example)

Item Configuration example Description
LAN interface: IP address 192.168.0.10 Mediatrix LAN (ETH1) IP address
LAN interface: Net mask 255.255.255.0 Mediatrix LAN (ETH1) Subnet mask
Default Gateway 192.168.0.1 If required
Receiving SIP port 5060 SIP port used
Used RTP port 5004 - (Default) Base port
RTP:5004
T.38:6004
DNS Configuration If required

3.2.2 Digital E1 PRI/R2 Gateway Contents of main SIP Server (example)

Item Configuration example Description
Registration Host None Unnecessary setting
Proxy Host 192.168.0.151:35060 PBXs IP address and SIP Trunk port




3.3 PBX Configuration example

3.3.1 PBX - Contents of main Network Settings

ltem Configuration example Description
PBX MPR IP address 192.168.0.151
Subnet Mask 255.255.255.0
PBX DSP IP address 192.168.1.102 - 105
Default Gateway If required
Preferred DNS IP Address If required
DHCP (Range) 192.168.0.161-170 If required

SNTP Server

Enable

Synchronize Gateway

3.3.2 PBX — Contents of V-SIPGW16 Settings

Item

SIP Trunk Port Number

Configuration example
35060

Description
PBXs Default (Shelf Property)

Number of using SIP Trunk

1 Basic Channel
29 Additional Channel

A total of 30 SIP Trunk

Provider Name El Gateway Example

SIP Server Name Please do not enter

SIP Server IP Address 192.168.0.10 Digital Gateway IP address
SIP Server Port Number 5060 Digital Gateway Port (Default)
User Name 1234567890 Dummy

Authentication 1D 1234567890 Dummy

Authentication Password 1234 Dummy

Register Ability Disable No Registration for Gateway

3.3.3 PBX - Contents of main Extension settings

Item

SIP Extension port

Configuration example
5060

Description
UT,SIP Extension Only

IP-PT Extension Number 301 Example
UT Extension Number 302 Example
SLT Extension Number 201 Example PBX Operator
(1) DDI / DID Number 3001
Destination 301
(2) DDI / DID Number 3002
Destination 302
(*) DDI / DID Number Match none PBX Operator Call
Destination 201




4. Initial set-up of the NS-1000

4.1 Web Interface Access

4.1-1 Start up software of web browser. (Mozilla Firefox 6 or later, Internet Explorer Version 7 or later)

4.1-2 Access the KX-NS1000 Web Maintenance Console page (using previously read IP address).
e.g. http://192.168.0.151/

4.1-3 Enter Username: INSTALLER, Password:1234  ---> Next, click the [Login] button

Web Maintenance Console

Username

INSTALLER:

Password

Login

4.1-4 Access to initial web page (HOME) --> Click on [Setup]

,ﬁ NS1000 | Web Maintenance Console

@ Login as IMSTALLER E

4 4 4 4 4

LastUpdsteTime 091 6/2011 11:35
UpTime - days - hours - minutes

@ Panasonic System Metworks Co., Ltd. 2010



4.2 Confirmation of Activation Key

4.2-1 Click on [PBX Configuration] --> [1.Configuration] --> [1.Slot] --> [Activation Key] button.
--> Next, confirm “IP Trunk (ch)” line for Activation Key (in this case, “16")
*Note: Need a total of 30 IP-Trunk for E1 PRI/R2 connection as for PBX SIP Trunk.

Virtual =
Refresh ] Cloze ] Summary ] sctivation Key || IP Phone Registration |
P A 4 - S
System Property | Site Property | UM card Property | UM Port Property |
P A P A

@ NS1000 | Web Maintenance Console e
o) Looinas NSTALLER NS1000 v B @&
) Users Activation Key Status

@ PBEX Configuration Lo L
Activation Key Installation

&1 JLConfiguration
E= 1 Sigt

- MPR-ID |41 01 DB0EFOCEOCTO Humber of activated : 0 16
1 2 Portable Station 1P-GW
= 3 Option Humber of activated 10 o
IP-Softphone
125 4.Clock Priority B
(1 505P Resources Activate Pre-installed Activation keys J
=] 2.System
(<} Group
O 4.Extension oo i o o = it
S B IP Trurk (ch) 0 18 18 18
() B Festure
. - - " y Y
£.IRS IP Proprictary Telephone (ch) 8 0 8 g
O 8.4rs SIP Extension (ch) i 20 20 20
L 2 Private Network Orie-laok Network 1 0 1

3 10,00 & Incoming Call
© 11 Meintenance Note: If you want to use 30 channel of E1 line, you have to purchase

\‘r! Ukl Configuration

an activation key more than 30 of IP-Trunk for NS-1000..

lﬁ Metwork Service

(o4 J : Cancel J . Apply
4.2-2 Confirmation after the install. (if required)
Activation Key Status
Activation Key Installation =
MPR-ID : Humber of activated 0 132
IP-GW
Humber of activated 10 Mo
IP-Softphone
Activate Pre-installed &ctivation keys K|
|P Phone Cagac'rtv jch S0 1] S0
IP Trunk (ch) 1} 32 32 32
L = T T T R e ) ™ ™ 7 ™
IF Proprietary Telephonechl & Ji] 5] 5]
SIP Exdension (ch) Install the IP Trunk Activation key if required.
one-look Metwwork . i i
- Confirm then click [OK] to close page. In this case 32(ch) = 16(ch) x 2 AK

-9-



4.3 PBX SIP Trunk Installation

4.3-1 PBXs SIP-GW Configuration
Click on [PBX Configuration] --> [1.Configuration] --> [1.Slot] --> Then click the [Virtual]

& NS1000 | Web Maintenance Console O
b Login a3 INSTALLER Nstoon v o 'E
éi Users Slot

PEX Configuration
2 : Virtual
= 1.Configuration Refresh J Close J Summary: J Activation Key J IP Phane RegistrationJ
System Propert Site Propert UM Card Propert UM Port Propert
A 2 Portable Station i ks J REiLY J R J BRI J

=1 3 ption

(5 4 Clock Priarity
Combination Card

5Lz +LCOT2
[ 2 System scaeeRe |
0 3.5roup 5LC2 + PRIZ3

J 5DSP Resources

(3 4 Extension SLC2 + PRI30
[ 5.0ptional Devics Option Card
7 B Feature EOORPHONE
s KX-NS1000

[ s.8RS

[ 9 Private Netwark 'DOORPHONE'

.. 10088 180

1 10,20 & Incaming Cal
3 11 Maintenance

3? Uk Configuration

K& Metwark Service

4.3-2 Click on [V-SIPGW16]

!) NS1000 | Web Maintenance Console O e

B Login & INSTALLER [Ns1o00 ¥ g o '.EE
a Users Slot

s’ PEX Configuration

<= Physical

= 1.Configuration Refresh J Close J Summary J Activation Key J IP Phone RegistrationJ

1 2 Portable Station

System Property J Site Property J Urd Card Property J Uk Part Property J

= 3.0ption v-sipewie || v-IPGW16 | VIPEXT32 | V-SIPEXT32 | V-IPCS4 | V-UTEXT32
(3 4 Clack Priarity

1 50%P Resources Virtual 16-Channel SIP Trunk Card =

& 2.5ystem

& 3.Group

(2 4 Extension

= 5.Optional Device
1 & Festure

O 71Rs

[ s.aRs

-10 -



4.3-3 Click on [Virtual 16-Chanel SIP Trunk Card] --> Select “[2]” of [Total number of cards]

g} NS1000 | Web Maintenance Console

b Login &z INSTALLER

a Users Slot

s- PBX Configuration o P ical
(= 1.Configuration Refresh J Close J Summary J Activation Key J IP Phone Registration)

Cﬁ e System Property J Site Property J U Card Property J Uk Part Property J

= 3. Option V-SIPGWAE || V-IPGWIG || V-IPEXT32 || V-SIPEXT32 | V-IPCS4 || V-UTEXT32

(35 4 Clock Priority |

(1 50%P Resaurces Virtual 16-Channel SIP Trunk Card =1

Total number of cards
=] 2 System
& 3.Group
4 Extension
(=] 5.Optional Device
[ 6 Feature
L 77RS
0 5.4RS E
4.3-4 Click on [OK]
fre wau sure yaou want to add 2 card?
===
4.3-5 Confirmation of the installed 2 slots V-SIPGW16
<= Physical
Refresh J Close J Summary: J Activation Key J IP Phone RegistrationJ
System Property J Site Property J Uk Card Property J Ut Port Property J

V-SIPGWME V-IPGW16 V-IPEXT32 V-SIPEXT32 V-IPCS4 V-UTEXT32

Virtual 16-Channel SIP Trunk Card

Total number of cards

-11 -



4.4 PBX SIP Trunk Confiquration

4.4-1 Change the 2 V-SIPGW cards status to “OUS”

V-SIPGWIG ¥-IPGWH 6B V-IPEXT32 V-SIPEXT 32 V-IPCS54

Virtual 16-Channel SIP Trunk Card

Total number of cards 2 «

D—
Shelf F‘r-:uperw V-SIPGW16

—

Card Property _m[

Port Property 5
|

4.4-2 Check the Cards status “RED".

W-SIPGW1 G V-IPGWHE V-IPEXT32 V-SIPEXT32 V-IPCS54

Virtual 16-Channel SIP Trunk Card

Total number of cards 2«

S —
Y-SIPGW1e

L

4.4-3 Select the [Shelf Property]

_—-
Shelf F'r'I:IpEI“t':,-' V-SIPGW16

—

Card Property o
Port Property 5

-12 -



4.4-4 Check the Shelf SIP Client Port Number --> Click on [OK] after checking Port Number
In this case 35060 (*Default)

(It means PBXs receiving port of SIP message from Digital Gateway.)
Note:* Can not use same extension's port number of 5060.(UT-Extension and SIP-Extension)
Next, Click on [Cancel] --> Back to the V-SIPGW16 of Slot

@ Users Shelf Property - Virtual SIP Gateway
s PBX Configuration
Main Timer
= 1 Configurstion
5!‘ 2 Portable Station SIP Client Port Humber ;35060
=] 3.0ption HAT Traversal o O hd
4 Clock Priarit
b 4 Clock Priority HAT - Voice (RTP) UDP Port Ho. - 16000

CJ = nsP Resmirees

4.4-5 Select the Port Property

_—-
Shelf F'r'I:IpEI“t':,-' V-SIPGW16

—

Card Property o
Port Property 5

4.4-6 Confirm the current SIP Configuration of SIPGW16 (It's not installed example)

Port Property - Virtual SIP Gateway

Select ProviderJ Adddd ProviderJ

« Main Account Register HAT Option Calling Party Called Party VoiceFAX RTPRTCP T.38

Port | Connection | Channel Attribute Provider Hame |SIP Server Hame | 3IP Server SIP Server SIP Service
{20 characters) | (100 characters) | IP Address | Port Humber (100 char:

v | ALL
2 wirtusl 3 2 ous Rt Llsed S0E0
3 Yirtual i 3 aus Mat Used 5060
4 wirtual i 4 ous Mat Uzed 5060
5 Wirtual | 5 ous Mot Uzed 5060 =
[ wirtal | R e 0 TRRETT TR

-13-



4.4-7 Configure the [Main] SIP Settings example

- Channel Attribute: Select the [Basic channel]

- Provider Name: E1_Gateway (For confirmation with an installer)

- SIP Server Name: Please do not write in this space

- SIP Server IP Address: 192.168.0.10 (The IP address is Digital Gateway Unit of Mediatrix.)
- SIP Server Port Number: 5060 (Default)

Main Account Register HAT Option Calling Party Called Party Voice/TFAX RTPRTCP T.38

Channel Provider Hame SIP Server Hame SIP Server SIP Server
Attribute {20 characters) {100 characters) IP Address Port Humber

ALL W WALl

Connection

1 irtual 31 1 ous Bagzic channel E1_Gateway 192168010 S0E0
2 irtual 31 2 ous UL Lse Quou
& “irtual 31 3 ous it Used 5060

4.4-8 Configure the [Account] SIP Setting example
- Username: 1234567890
- Authentication ID: 1234567890
- Authentication Password: 1234
Note:* These are the dummy settings, but the PBX is required settings even if using no SIP registration.

It's Caller ID calling to E1 PRI/R2 from PBX, you may need to set the necessary number if required.

“ Main M Register HAT Option Calling Party Called Party Voice/FAX RTPRITCP T.38

Uszer Hame Authentication 1D Authentication Password
Connection .
(64 characters) {64 characters) (32 characters)
ALL W
1 Wirtual 31 1 ous I 1234567590 1234567330 1234

4.4-9 Configure the [Register] SIP Settings
- Register Ability: Disable

Main Account Register AT Option Calling Party Called Party Voice FAX RTPRTCP
Register Regizter Sending Un-Register
C i
“mﬂ- Ability Interval (s) nh-lrtv when port INS I
ALL w

1 Wirtuial | 1 ous | Dizable 3600 Enable

4-4-10 Click on the [ Apply]

. Ok J ) Cancel JI Apply ]I

-14 -



4.4-11 Configure the [Channel Attribute] Setting
- Select the [Additional channel for Slot 31 Ch1] all other virtual channels (2 to 30)

“ Main Account Register HAT Option Calling Party Called Party Voice/FAX RTPRICP T.38 ”»

Provider Hame | SIP Server Hame SIP Server SIP
Shelf Port | C i Chai I Attribut :
ﬂ-ﬂ (20 characters) | (100 characters) | IP Address | Port
ALL v

|aLL w WAL

1 Wirtual i 1 ous Bazic channel E1_Gatewvay 182165010 a0E0
2 irtual kil i ous dd'rti-:-nal channel for Slat 31 Ch1 S060
:
3 Virtual 3 3 s HssicEhanne] (e 5080
4 Mirtual Kl 4 oS Jcitinn S0E0
7 | Adcdttional channel for Slot 31 Ch 3
? o i OUS | agditional channel for Siot 31 Ch 4 ik
g irtual 1] E oS | Addtional channel for Slot 31 ChS S0E0
- Additionsl channel for Slot 31 ChE
7 Virtual 31 7 QUS| Additionsl channel for Slot 31 Ch 7 GG
a “irtual 31 g aLS ;Add'rtinnal channel for Slot 31 Ch 8 5060
i.ﬂ.dd'rtional channel for Slat 31 Ch 8
& Wirtual 31 9 aus | Additional channel for Slot 31 Ch 10 S060
7 | Additional channel for Slat 31 Ch11
10 irtual kil 10 | 5060
OUS | ageftional channel for Siat 31 Ch12
11 Wirtual il 11 oS | ddeltional channel for Slot 31 Ch13 S060
> Additional channel for Slat 31 Ch 14
1 pial e = ous Additional channel for Shot 31 15 S
vk el 2] 12 ESRE ]Add'rtinnal channel for Slat 31 Ch 16 SLED
U ddditional channel for Slat 32 Ch "
E i Additional channel for Slot 32 Ch 2
Addtional channel for Shat 32 Ch 3 W

4.4-12 Configure the [Channel Attribute] Setting
- Select the Additional channel from 2 to 30. --> Then Click [Apply]

# Main Account Register HAT Option Calling Party Called Party Voice FAX RTPRTCP T.38 "

Provider Hame.

Connection Channel Attribute (20 characters)
ALL | ALL b

5 - ol Addtional channel for Slat 31 Ch 1
G oS Acdtional channel for Slot 31 Ch 1
T oS Additional channel for Slot 31 Ch 1
8 oS Additional channel for Slot 31 Ch 1
8 ous Acdtional channel for Slot 31 Ch 1
10 ous Additional channel for Slot 31 Ch 1
11 oS Additional channel for Slot 31 Ch 1
12 oS Additional channel for Slot 31 Ch 1
13 oLus Acdtional channel for Slot 31 Ch 1
14 oS Additional channel for Slot 31 Ch 1
13 oS Mat Lized

16 oS Mot Used

104 J Cancel J Apply J

-15 -



4.4-13 Change the V-SIPGW cards status to INS

| 3 Shelf Property

Card Property

Port Property

4.4-14 Select the Port Property again

| 3 Shelf Property

Carrl Profety

s 4090909090 |

Port Property

Ous

4.4-15 Confirmation of the Connection INS status from 1ch to 30ch. --> Click on [OK]
Back to the Slot Configuration page

Main Account Register HAT Option Calling Party Called Party YoiceFAX RTPRICP T.38 3

SIP Server H:
mmn

Provider Hame
{20 characters)

ALL % [ ¥ | AL

21 : “irtual 52 5 NS Acddtional channel for Slot 31 Ch 1
27 irtuial 32 G MS Additional channel for Slot 31 Ch 1
23 *irtual 32 i NS Additional channel for Slot 31 Ch 1
24 *irtual 32 g NS Acditional channel for Slot 31 Ch 1
23 irtual 32 g WS Additional channel for Slot 31 Ch 1
26 irtual 32 10 e Additional channel for Slot 31 Ch 1
o “irtual 22 (i NS Additional channel for Slot 31 Ch 1
28 *irtual 32 12 NS Acldtional channel for Slot 31 Ch 1
28 “irtual 32 13 S Additional channel for Slot 31 Ch 1
30 Wirtual 32 14 NS Additional channel for Slot 31 Ch 1
3 Yirtual P 15 Faitt Mot Used

i irtual 32 16 Fault Rt Ll

-16 -



4.5 PBX Confiquration DDI/DID and CO

4.5-1 Configure or Check the DDI/DID Table example
Click on [10.CO & Incoming Call] --> [3.DDI/DID Table]

- DDI/DID Number: 3001 --> Destination:301

- DDI/DID Number: 3002 --> Destination:302

Click on [Apply]

qj) Users DDI / DID Table
s PBEX Configurstion
Automstic Registrat\onj Mame GenerateJ Destination SeﬂingJ

20 1 Configurstion

1 2 System DDI ! DID Humber DDI / DID Hame DDI ! DID Destination - DDI / DID Destination - 1
(32 digits) (20 characters) Day Lunch
A

(] 3.Group
£ 4 Extension 1 =001 301
(] 5.0ptional Device 2 30072 302 B
St : —
8 71Rrs 4
O 8.aRs B
(3 9 Private Metwork G =
[Z 10.0 & Incoming Call 7
£# 1.0 Line Settings 8
el
Settings 10
1 b
2] 4.MSN Table 12
88 3 Mizcellaneous 13
£ 11 Maintenance 14
M L Configuration 13 L]
< I | 3
i‘ﬁ Metwark Service Page -m' S0 e w "

Ok J Cancel Apply J

-17 -



4.5-2 Configure or Check the Trunk Group Number (To change if required)

Note:* Example, in this case Trunk Group Number is “1”.

ﬁ NS1000 | Web Maintenance Console O

B Login as INSTALLER 1=1000 g 6 iﬂ

@ Users CO Line Settings

s PBEX Configuration
[ st kot | Cardbpe | COMamo (@ characte 5) | TruniGroup Humbor
(7 1 Configuration B [ I Al w | | T [aLL v/
1 23ystem 12 1 " BRM B =]
O 3Group 2 1 BRI4 1
[ 4 Extension 2 2 BRIl4 1
Gis Optional Device 2 i BRI4 1
(J BFeature 2 3 BRl4 i
01 77Rs 2 3 BRl4 i ‘
(I 8.4RS 2 4 BRl4 ! ‘
3 aprivate Metwark 2 4 Hhis L |
TOC0 & MComng ol 3 1 Y SPCHE _
El 2 Y SPGA G 1 \
31 3 W EPGAE 1
Settings 7 n Y-SPGE 1
& 3.001 /DD Table 31 = SR 1 ‘
2 4 MSN Table = 5 SPGE 1 T
88 5 Mizcellaneous 3 7 _SIPEAE q
[ 11 Mairterance 31 a YSIPGE 1
34w canfigurstion - 3 £l AR W i
JLE
E..g Metwwark Service _ Page _ ot - (S e ——

-18 -



4.6 PBX Server Feature

4.6-1 Configure the DHCP server example

DHCP Server: Enable
Starting IP address: 192.168.0.161 / Ending IP Address: 192.168.0.170

@ Uzers

ﬁ} PBX Configuration
¥ It Configuration
hﬁ Metwork Service

I 1 P addressPorts
= 2 Server Feature
55 2FTP
= 4 HTTP
Ly snTP
L B.SMTP
L 7mepe
[ 3 Client Feature
4 0ther

DHCP

DHCP server

(%) Enahle () Disable

Port number &7

IP address auto assignment

DHCP Server IP Address Static Assignment IP Address Assignment List

Starting IP address 1921680161

Ending IP address 1921630170

Lease interval (h) | 24 e

Auto assignment exclusions

IP address P address

#1 #a

4.6-2 Confirmation of SNTP “Enable”

@ Uszers

@ PBEX Configuration
-‘Q! UM Configuration
l.!_t Metwaork Service
IF 1P AddressiPorts
[ 2 Server Feature
= 1.DHCP
& 2F1P
= A HTTP
bl SNTP

HTP server

@ Enable

) Disahle

-19-
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4.7 Save the System Data

Click on the [Save System data]

g} NS1000 | Web Maintenance Console @

b Login sz INSTALLER {Héi'i:?hﬁ_"; Q o '_EE
@ Users _I

s PBEX Configuration

@ Uk Configuration

E‘g.l Metwark Service

Click on [Yes]

ESave System Data x

Do you want to start Save System Data ?

Click on [OK]

Successfully Save System Data

The PBXs basic configuration has finished.

-20-



5 Description of the Digital E1 PRI/R2 Gateway

5.1 Diagram of system configuration example

The NS1000 SIP Trunk and the Mediatrix GW not have to register to each units as for SIP registration.

KX-NS1000 Mediatrix Digital Gateway
~192.168.0.151  SIP Trunk 192.168.0.10

E1 connection/Slot2

; HUB ETH1
- e — ’
; ‘ LAN e LT
Model 3631
(A) Phone2(Ext102) to Phonel(Ext301)
—_— <

(B) Phonel(Ext301) to Phone2(Ext102)

Extension

B

Number: 3001 Number:3002 Maintenance PC(DHCP) Number: 2222 Number: 2223
Ext: 301 Ext: 302 (e.g., 192.168.0.168) Ext: 102 Ext: 103
Phone 1 Phone 2

NS1000 DDI/DID Table PBXs DHCP Server E1 Party DDI/DID Table
Number: Destination 192.168.0.161 to 170 Number: Destination
3001 : Extension 301 NTP Server : Enable 2222 : Extension 102

3002 : Extension 302 2223 : Extension 103

5.2 Objectives
The steps described in the following pages will show you how to setup the Mediatrix 3000 DG so it can:

(A) receive calls from the E1 and route them to the LAN (e.g., From Phone 2 calls To Phone 1):

1. a user picks up Phone2(Ext103) and dials the number of a line connected to the Mediatrix 3000 DG.
(e.g., 3001)

2. the E1 routes the call to the Mediatrix 3000 DG.

3. the Mediatrix 3000 DG routes the call to the appropriate PBX.

4. the PBX makes the appropriate Phonel(Ext301) ring.

5. a user picks up the Ext301 and the call is established.

(B) receive calls from the PBX and route them to the E1 on one of the E1 lines connected
to the Mediatrix 3000 DG (e.g. From Phone 1 calls To Phone 2):

1. a user picks up Phonel(Ext301) and dials a number (e.g., 2222 )
2. the PBX routes the call to the Mediatrix 3000 DG.

3. the Mediatrix 3000 DG decides to which E1 interface route this call.
4. the E1 makes the appropriate Phone2 (Ext103) ring.

5. a user picks up the Phone2(Ext103) and the call is established.

-21-



5.3 Steps
This configuration note will guide you through the following steps:
6.1 Physical connection of the Mediatrix 3000 DG to the IP network and ISDN.
6.2 IP address discovery or configuration.
6.3 Web interface access.
6.4 Network Configuration
6.5 R2 Configuration
6.6 SIP Configuration.
6.7 Media Configuration
6.8 Call Routing Configuration

6.9 Basic call establishment.
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6. Configuration of the Mediatrix 3000 Digital Gateway

* Note: Here is described as example for E1 / R2 connection.

6.1 Physical Connection of the Mediatrix 3000 DG to the Network and ISDN

Please refer to the Mediatrix 3000 DG Quick Start booklet (packaged with the Mediatrix 3000 DG) for
instructions on hardware installation.

The Mediatrix 3000 DG Quick Start booklet can also be found online at
http://www.media5corp.com/repository/3000/installation%20guides/MTX _3000-Installation.pdf

6.2 IP Address Discovery or Confiquration

LAN Interface Access
The Mediatrix 3000 DG’s default LAN IP address is 192.168.0.10.
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6.3 Web Interface Access

6.3-1 Start up software of web browser. (Internet Explorer Version 7 or later, Mozilla Firefox6 or later)

6.3-2 Access the Digital Gateway Web login page.

& M 192168010/ l0ginesp

Mediatrix*

-

User Marme: I

Pazzward: I

Login

6.3-3 Enter the User Name: Public, Password field empty and Click “Login”

Mediatrix*

-

Uzer Marme: Ipublic

Password: I
Login

6.3-4 Access to Digital Gateway configuration web interface.

B| Suztern (@ Metwork ® ISDM ® SIPp B Mediz BT

Mediﬂfrfx' | 1nformation m

Hardwar
-
oamentstaws
Systern Description: Mediatriz 3301-001
Firrmwarea: Crgw 2,0,20,301
Profila: FHER-ME-DZ2000-79
MAC Address: o090fs07b7S0
Serial Nurnber: 00z3100025351111014
Swstern Uptimme (D:iHH:MM:S5): 0:00:00:29
Systern Time [DDAMMSYCYY HHiMMSS): 01012000 01:00:22
Mediatriz 2301-020 00046000245111991 Slatz

Please check the installed cards in the Mediatrix Digital Gateway.
In this case, Installed a Mediatrix 3301-020 (E1/T1) card
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6.3-5 Click on [Hardware] --> Confirmation of Line type “E1” and Signaling “R2” Card Status

Please select the configuration of Signaling type if required.

B Systern | ™ Metwork ® ISDH B SIP ® Media W0 T

Mediat rix Inforrmation m Syslag

* Hardware

PRI Cards Status
Slot Clock Reference Line Type Signaling

Slat2 Mane E1l Izdn

PRI Cards Configuration
Slot Clock Reference Signaling
Slot2 B

E Submit

6.3-6 Click on [Submit]

PRI Cards Configuration
Slot Clock Reference Line Type Signaling
slot e

| Subrmit

6.3-7 Click on [OK] only if change of the configuration.

WARMIMG : Some configured routes may be unusable when changing the signaling protocol.

6.3-8 Click on [restart the unit]

Some changes require to restart the unit to apply new configuration.
Pleasze click this link t3 restart the unit
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6.3-9 Click on [Reboot] only if change of the configuration.

Mediatrix’

Sorme changes require to restart the unit to apply new configuration,

Swstern ®  Metwork ® ISDW ® SIP ® Media ®  Telephony ® Call |

-

Current Status

Please click on the Reboot buttan to reboot the device,

Warning: vour web session will be lost and you will be redirected to the login page after the reboot process,

Reboot

6.3-10 Reboot the device --> Login again

Please click on the Reboot buttan to reboot the device,

Reboot In Progress...
T

Warning: vour web session will be lost and you will be redirected to the login page after the raboot process,
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6.4 Network Configuration

6.4-1 Network configuration

Click on [Network] --> [Status] --> Confirmation of currently Network status

B Systern B | Metwork

Rz ® SIp ® Media ® Telephany L] Call Router L] Managerment B Rehoot

| — |
Mediatrix’

= Status
Interfaces Status
Name Link IP Address Default Router YLAN Dverride
Lanl ethi-4 192,168.0.10/24 Disable Active
Uplink ethg Cizable Cizable

| [Host status

General Configuration:

IPw4 Autornatic Configuration Interface: Uplink
IPwE Autornatic Configuration Interface: Uplinkwé
=== = = -

Host Name Configuration
Host Harne:

Dornain Mare: 192.168.0.10

Drefault Gateway Configuration
IPud Default Gateway: 0.0.0.0
IPwé Default Gateway: 0.0.0.0
DN5 Configuration
5NTP Configuration

SHTP Hoszt: 192.168.0,151:123

Advanced IP Routes

# Source Address Source Link Forward To Network

Mo custorn route currently applied in the routing table

Firewall

S5cope # Source Address Source Port Destination Address Destination Port Protocol Connection State

Mo rule currently applied in the Firewall

Ethermnet Ports Status

Name Link

ETH1 =thl-4 100 Mbitfs Full-duple:x
ETHZ ethi-4 Dizconnected

ETH3 ethi-4 Disconnected

ETH4 ethi-4 Disconnected

ETHS eths Disconnected

6.4-2 Click on [Host]

B Syster 1 Metwark B Rz ® SIP B pMedia ® Telephaony L Cal

Status IIIB Interfacas LA Lacal Firewall IP Routing

6.4-3 Configure the [Network ] Host Name Configuration

Configuration Source: Select the Static

Domain Name: Enter the Mediatrix Gateway own IP address, example 192.168.0.10

Domain Mame

Configuration Source: | Static Vl

Dornain Mame: [132.165.0.10 |

Host Mame

Host Narne:! | |
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6.4-4 Configure the [Network] SNTP Configuration example
- Configuration Source: Select [Static]
- SNTP Host: 192.168.0.151 (It's PBX IP address and Enabling NTP server feature)
- Synchronization Period:1440

- Static Time Zone: UTC-1(Please refer the Mediatrix Software Configuration Guide)

SMTP Configuration

Configuration Source: | Static Vl
SMTP Host: [192.188.0.151 |
Synchronization Period:
Synchronization Period ©n Error:
Time Configuration
HStatic Time Zone: [UTo-1 |

Submit ‘

6.4-5 Configure the [Network] Interface
Enter the Mediatrix own IP Address --> Click [Submit] after entering the IP Address
Example, Lanl Static IP Address: 192.168.0.10/24 --> [Submit]

iT * B Systermn l| Metwark |l Rz ® SIP ® Media ® Telephony u Call Router
Mediatrix v [ o | coc | tomimeat | v couna [

= Interfaces

Static IP Address Static Default Router Activation
Lani [ethi-4 & || 1Pud static |19z 168 0.10/24 || || Enakble v|=
Uplink [ethS % [| IPwd Static “[[192.168.10.10 |1 || Enable v|=
Uplinkyve [eths (%[ 1Pve Auto-Conf (¥| || || pizable v|=
[ ]
Rescue interface
Family Link IP Address Activation
IP version 4 eths 192,165,0,1/24
IP version & All feg0: 0290 f3ff:ife07:b750
|__lpPPoE tonfiguraton | |
Service Marme: | |
Protacal:
Uzer Mame: | |
Passwoard: | |
Ethemet Link Configuration
Link MTU 802.1x Authentication EAP Usemame
ethi-4 [1500 | [Disable (v | |
eths [1500 | [Disable (v | |

Submit
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6.5 R2 Configuration

6.5-1 Configure the [R2]

B Systepn ®

Metwork | =

R2|-

SIP ® Media

L] Telephony L] Call Router

L Managerent

Reboat

Status

Signaling

Tirmers Cigit Tirners

Link Tirmers

6.5-2 Confirmation of Status

-

F

Location

SlatZ:

Clock Reference

Mane

Bearer Group

5lot2 /E1T1 [Configure]
Physical Link: Up

Channel 1: Idle
Channel 2: Idle
Channel 3: Idle
Channel 4: Idle
Channel 5: Idle
Channel &: Idle
Channel 7: Idle

Channel 2: Idle

Channel 9
Channel 10

Channel 11

Channel 12:
Channel 13:
Channel 14:
Channel 15:

Channel 16:

Idle

: Idle
: Idle
Idle
Idl=
Idl=
Idl=
Idl=

Channel 17:
Channel 15:
Channel 19:
Channel z0:
Channel 21:
Channel 22:
Channel 23:

Channeal 24:

Idl=
Idl=
Idle
Idl=
Idl=
Idl=
Idl=
Idle

Channel 25:
Channel 26:
Channel 27:
Channel 25:
Channel 29:

Channel 20:

Idl=
Idl=
Idle
Idle
Idl=
Idl=
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6.5-3 Click on [R2 Config]

B Systern ®  Metwork B |RZ | ® SIP B Mediz B Telephony u Call Router

RZ Config Signaling Cigit Timers Link Tirners

6.5-4 Select the country in the Country Selection drop-down menu:
-

Select Interface: | SlotZ2/E1T1 %
| |Interface configuration I

Clack Mode: Slave W
Port Pinout: Auto

Maonitor Link State: Enable %

Line Coding: HLEZ (W

Line Frarming:

Channel Range: 1-30

Channel Allocation Strategy: |Ascending W
Maximum Active Calls:

Erncoding Scheme: |G.?11 a-Law Vl

Line Signaling Protocal: |Q.421 2 Bitz Signaling %
Incaming Digit Signaling: MFZARZ W

Outgoing Digit Signaling: MFC/RZ W

Country Selecion: [ ITU-TRZ |

|

Crigit Attenuation:

6.5-5 Select the correct Country and click on [Submit]

Country Selection: FITU-TRZ Vl
. i BrazilR2 |
Cigit Attenuation: MexicaR2

ArgentinaRZ
SaudiArabiaR2 "
VenezuelaRZ Submit

PhilippinesR.2

* Important concern

You have the following choices:
- Brazil R2
- Mexico R2
- Argentina R2
- SaudiArabia R2
- Venezuela R2
- Philippines R2
- ITU-TR2
Please contact Media5 or Media5 distributor support for configuration of Gateway if you
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have any issues.
Note: In this example the gateway is configure to used E1 R2 CAS, please note that E1/T1 PRI or E&M
can also be used. For more information you can contact Media5 distributor or Media5

6.5-6 Click on [service table] if required

Sorme changes require to restart 3 _service to apply new configuration,
Pleaze click this link to access thel zervices table, i

6.5-7 Click on [Restart Required Services]

R2 Channel Associated Signaling (R2): Started Jnm Restart needed
SIP Endpoint (SIPEP): Started Jm
Simple Metwork Management Protaocol [SHMP): Started Jnm
Telephony Interface [TELIF]: Started Jnm
web (WEB: Started Jnm

Submit Restart Reguired Services

6.5-8 Reference R2 Signaling Variants Setting
Note: This example is data of ITU-TR2 environment.
-

Select Interface: | Slot2/E1T1 W

Country Selection: ITU-TRZ
Oyerride Default Country Settings:
R2 Signaling ¥arants
. Parameters ¥alue _
Bits CD:
ANI Langth: [+ ]

DMIS Length:

AMI Request:

Send ANI request after nth DHIS Digits: I:l

Collect Call Blocked:

AMNI Category: | Mat Subzcriber MoPrio Vl
Line Free Categary: | Line Free Charge Vl
ANI Restrictad:

Submit | Reset to default
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6.5-9 Reference R2 Timer Variants Settings

Note: This example is data of ITU-TR2 environment.

-

Select Interface: | Slot2/E1T1 %

Country Selaction:

Override Default Country Settings:

RZ Timers Yarants

Parameters

Seizure Ack Timeout:

Fault Seizure Ack Timmeout:

Couble Seizure Timeout:

Couble Answer Tirmeout:

Answer Tirmeout:

Refnszwer Timeout:

Felease Guard Timmeout:

InterCall Guard Timmeout:

Congestion Tone Guard Timeout:
Unblocking Timeout:

Addreszs Complete Tirmeout:

Wait Answer Tirmeout:

Digit Cormplete Timeout:

Wait GroupB Response Cormplete Tirmeout:
Wait Imrnediate Responze Complete Tirmeout:
Play Tone Guard Tirmeout:

Accept Call Tirmeout:

Clear Forward Guard Tirneout:

Clear Backward SGuard Timeout:

Fault ©n Answered Guard Tireout:

Fault ©n Clear Backward Guard Timeout:
Fault ©n Seize Ack Guard Timeout:

Fault On Seize Guard Tirmeout:

ITU-TRZ

Yalue

oooo

=] [ =[] [&] [
of (o ul| | o
of | of o o

=1 =1 =1

[y
()
()

L]
L]

MR EEEEE
NN EIE N E I E e o
ol o) (=] |2 A= =R N =R =] o
ol o] | =N =R = N =R W =] =
o
o

on

]
on
]

]
on
]

]
on
]
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6.5-10 Reference R2 Digit Timers Variants

Note: This example is data of ITU-TR2 environment.
-

Select Interface: | Slot2/E1TL #

Country Selection: ITU-TRZ
COwerride Default Country Settings: Enable %

R2 Digit Timers Yarants
Parameters Yalue

MFC Pulse Inter Digit Timeout:
MFC Pulze Min On Tirneout:
MFC Max Sequence Timeout:
MFC Max On Timmeout:
MFC Max OFf Timaout:

Submit || Reset to default

6.5-11 Reference R2 Link Timers Variants Setting example

Note: This example is data of ITU-TR2 environment.
-

Selact Interface: | Slot2/E1TL #

Country Selection: ITU-TRZ
Ouerride Default Country Settings:
R2Z Link Timers ¥ariants

Parameters ¥alue

Limk Activation Timeaout:
Limk Activation Retry Tirmeout:

Submit Feset to default

-33-



6.5-12 Reference R2 Tone Variants Setting example

Note: This example is data of ITU-TR2 environment.
-

Selact Interface: | Slot2/E1TL W

I R

Country Selection: ITL-TRZ
Owertide Default Country Settings:

<
o
g
]

End of DMIS Tone

[

End of ANI Tone 15

Restricted ANI Tone Maone [

|__[R2 Tones Forward Groups I

Send Mext DNIS Digit Tone

Send Previous DNIS Digit Tone

Switch to Group II Tone

Metwark Congestion Tone

Send Calling Party Catagory Tane
Irmrediate Accept Tane

Send DMIS Digit N-2 Tane

Send DNIS Digit M-2 Tone

Repeat all DNIS Tone

Send Mext ANI Digit Tone

Send Calling Party Categaory Tone switch to Group <
Send Special Information Tone

User Busy Tone

Metwork Congestion Tane

Unaszigned Murmber Tone

Line Free with Charge Tone

Lime Free with Charge Tone (Supplementary]
Line Free without Charge Tone

Line Qut of Order Tone

Changed Nurmber Tone

Send Mext ANI Digit Tone

Repeat all DNIS Tone switch to Group A
Send Mext DNIS Digit Tone switch to Group A
Metwark Congestion Tone

Send Previous DNIS Digit Tone switch to Group A

Switch to Group II Tone

A b
Ad ot
Al0 W
Mone W
B3 b4
BS W

[ad

m
<

Mane W

£

B7

BS

Mone W

Mane W

Maone W

Mone W

Mone W

Mane W

Maone W

- R2 Tones Backward Groups Yalue _

Submit

Feset to default
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6-6 SIP Confiquration

6.6-1 Configure the [SIP] Configuration

B Systern ® Metwork ™ ISDN I|SIP

ml Media ®  Telephony L] Call Router L] Managerneant ®  Reboot

Gateways m R.egistrations Endpaints Authentication AN E £

6.6-2 Configure the [SIP] Gateways
Name: default
Signaling Network: Select the [Lanl]

Media Networks: Select the [Lan1] --> Click on [Submit]
» Gateways

Gateway Status

Name Signaling Network Media Networks

default Lanl Lanl

Gateway Configuration

Name Signaling Network dedia Networks P?Edla Nt_at\-mrks
Suggestion

default | Lanl V| Lanl || --- Suggestion --- [ 0 ||IZI |=

Submit
6.6-3 Click on [service table] if required
Some changes require to restart a service to apply new configuration,
Please click this link to access th{ zervices table,
6.6-4 Configure the [SIP] Servers
SIP Default Severs
Register Host: [Blank]
Proxy Host: 192.168.0.151:35060 (Its IP address is PBXs IP and port number)
* Servers
SIP Default Servers
R.eqgistrar Host: | |
Proxy Host: 192,168,0,151:350&0 I
Messaging Server Host: || |
Cutbound Proxy Host: | |
5IP Gateway Specific Regisbrar Servers
Gateway Mame Gateway Specific Registrar Host
default Mo (W 192,162.0,10:0
5IP Gateway Specific Messaging Servers
Gateway Mame Gateway Specific Messaging Server Host
default Mo W 192,162,10,10:0
Click on [Submit]
Submit
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6.6-5 Confirmation of Registration (No need configuration)
* Registrations

Endpoints Registration Status

User Mame Gateway Mame Registrar

Messaging Host MWI Stabus

Unit Registration 5ta

User Mame Gabeway Name Registrar

Endpoints Registration

Endpoint User Mame Friendly Name Register Messaging Gateway Name

Slot2/E1TL | | ] | [cisable %] [Disable | [default %]

F Unit Registration

Index User Mame Gateway Name

Registration Configuration

Default Registration Refresh Time:

Froposed Expiration Walue In Registration:

Default Expiration Yalue In Registration: &00

il

Subrnit Subrnit 8 Refresh

6.6-6 Confirmation of Endpoint (No need configuration)

* Endpoints

Endpoint States

Endpoint Administrative Operational Usage Initial Administrative

Slotz/E1T1 Unlacked Erable Idle Unlackad %

Administration
Dizable Unit (All Endpoints) When Mo Gateways Are In State Ready: W
Shutdown Endpoint When Operational State iz Disable And Itz Usage State Iz 'idle-unusable': Dlsable w

Submit | Submit & Refresh Registration
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6.6-7 Confirmation of Authentication

* Authentication

Authentication
Priority

Apply To

Endpoint

Gateway

¥alidate Realm

Realm User Name

10

11

iz

1z

14

15

1ic

17

is

19

20

Unit

Unit

Unit

Unit

Unit

Unit

Unit

Unit

Unit

Unit

Unit

Unit

Unit

Unit

Unit

Unit

Unit

Unit

Unit

Unit

Erable
Erable
Erable
Erable
Enable
Enable
Enable
Enable
Enable
Enable
Erable
Erable
Erable
Erable
Erable
Erable
Enable
Enable
Enable

Enable

Murmber of rows to add:

o L
EnncEE
EnpcEE
EnBCEE
EnpcEE
ENBCEE
EnpEEE
ENBCEE
EnpEEE
EnpCEE
EnpcEE
EnEcEE
EnpcEE
EnEcEE
EnpcEE
EnEcEE
EnpEEE
ENBCEE
EnpEEE
el

6.6-8 Confirmation of [SIP] Transport

= Transport

ER—
| Locally Trusted

Pearzistent TLS Base Port:

TLS Certificate Trust Level:

TCP Conneckt Timeout:

Persistent TLS Retry Intarval:

Add SIP Tranzport in Registration:

Add SIP Transport in Contact Header:

Edit All Entries | Refresh Registration |

|

Protocol Configuration
UDP Q¥alue

upp

TCP Q¥alue

TLS

Enable Vl

| Cizable % |

| Cisable Vl | |
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6.6-9 Configure the [SIP] Interop
Ignore OPTIONS on no Usable Endpoints: Select [Enable] * Recommended Setting

= Interop
Behavior on T.3% INVITE Not Accepted

. SIP Error Code Behavior
408 | Re-INVITE For Clear Channel only
438 | Re-IMVITE For Clear Channel only (%
606 [ Re-IMVITE For Clear Channel only (%

Secure Header: Cisable %

Default Usarname Value: Anonymous W

OPTIONS Method Support: [ Alwayz zo0 ok |

Ignore OPTIONS on no Usuable Endpoints: Enable %

SIP URI User Parameter Walue:

Behavior on Machine Detection: |Re-IN‘JITE on Fax T38 Only bl

Registration Contact Matching: | Strict Vl

Transrnission Timeout:

[}
)

Offer Answer Model:

Answer Codec Megotiation: |A|I Cormrnon - Local Priority Vl

Enforce Offer Answer Model: Enable %
Allow Less Media In Responszea: Dizable %
Allaw Media Reacdivation in Answer: Dizable w
Multiple Active Media:
Allow Audio and Image Megotiation: Cisable %
Allow Multiple Active Media In Answer: Enable %

Other:

On Hold SDP Stream Direction in Answer: | ReceCnly %

Codec Vs Bearar Capabilities Mapping

i -
Preferred Codec Choice: | First Codec |

TLS Interop

Certificate Walidation: [Host Marne v
Map Pluz Ta TON International: Enable %

Ignore Plus In Username: Dizable %

Escape Pound [(#) In SIP URI Usernare: Enable %
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6.6-10 Confirmation of [SIP] MISC
Minimum Expiration Delay (s): Enter 1800 (Default:180)

= Misc

FPenalty Box Activation:
Panalty Box Time (s]): |:|

S5IP To Cause Error Mapping
SIP Code

Cause To SIP Error Mapping
Cause SIP Code

F

Reason Header Support: | None ‘V|

_Keepaine

Keap Alive Method: | Mone V|

Keep Alive Interval (s]: I:l

UAS PRACK Support (RFC 3262 ): | Unsupported (%]

UAC PRACK Support (RFC 3262): | Unsupported (%]

JRIRH I

| [sessionRefresh
Session Refresh Timer Enable:
Minimum Expiration Delay (s]): 1800
Maximum Expiration Delay (s): 3600

Session Refresh Reguest Method:

Gateway Configuration

Gateway Name SIP Domain Override
default | |
Diversion

Gateway Name Method

default | Mone V|
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6-6-11 Click on [Submit]
ows |
F Supported DNS Queries:

Event Handling
Gateway Name Reboot CheckSync

default | Fejected V|| Fejected V|

Submit

6-7 Media Configuration

6.7-1 Configure the [Media] Codecs

B Systern ® pMetwork ® ISDN ® SIF‘II Media II Telephony L] Call Router L] Managerment ®  Reboot

6.7-2 Configure the [Media]
To select the “Enable” the G.711 a-Law, u-Law and G.729 only
Click on [Submit]

= Codecs

Select Endpoint: | Default bt

Yoice

G711 u-Law

5,723 Disable W

G.726 16Kbps

G.726 24Kbps
G.726 40Kbps [Disable W]
Clear Mode
Clear Channel

Codec vs. Bearer Capabilibes Mapping

Index Enable Codec Mapping Type

1 Cizable % I G, 729 I Priaritize I speach

2 Dizable ¥ I G, 729 I Priaritize I speach
3 Disable % I G.729 I Priotitize I speeach

Generic Woice Activity Detection (VAD)
Enable (G711 and G.726):

Submit
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6.7-3 Configure the [Media] Voice Priority (G.711 a-Law)

Click on [Edit] --> Set the default priority for Voice (the maximum priority is 10)

Example, Set the Voice Priority and the Data Priority “3”

Click on [Submit]
-

Select Endpoint: | Default W

Select Codec: | G.711 a-Law Vl

__[c.711a-Law ]

Waoice Transmission!:

Enable #

Waice Priority:

I

Data Transmiszion: Enable
Crata Priority: 3
Minimurn Packetization Tirme: 230 ms |
Maximum Packetization Tirne:

6.7-4 Configure the Voice Priority (G.711 u-Law)
Select Codec: [G711u-Law] --> Set the Voice Priority and the Data Priority “2”

--> Clink on [Submit]
-

Select Endpoint: | Default b

Select Codec: | G711 u-Law (W

Woice Transmmission!

iSubmiti

Cancel

Enable %

Woice Priority:

Cata Transrmission:

1L

Enable »

Crata Priority:

Minimurn Packetization Time:

Maximum Packetization Time:

30 ms W

4

20 ms W

-4] -
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6.7-5 Configure the Voice Priority (G.729)

Select Codec: [G-729] --> Set the Voice Priority and data Priority “1”

-

Selaect Endpoint: | Default W

Selact Codec:

G, 729

s |

Waoice Transrmiission:

Enable %

Waice Priority:

Minimum Packetization Time:
Maxirmurn Packetization Time:

Built-In Voice Activity Detection [WAD):

30 s W

Submit Cancel

6.7-6 Some changes require to restart a service to apply new configuration

Click on [Service table]

Mediatrix*

Sypstern ®  Metwork ® RZ B SIP l| Media |l Telephaony

Security

Ju new configuration,

Sarme changes require to restart
Pleaze click thiz link to access the services table)

6.7-7 Click on [Restart Required Services]

. User Service

Startup Type

Action Comment

Baszic Metwork Interface [BNI): Started Jnm
sl Routing (CROUT): Started g
Call Detail Record (COR Stopped HJJ
Cornrnand Line Interface [CLI): Started Jnm
DHCP Server (DHER: Stopped HJJ
Endpaint Administration (EPADM): Started Jnm
Endpaint Services (EPSERV]: Started Jnm
IF Rauting (IPROUTING): Started 5 = | =
Integrated Services Digital Metwark [ISDM: Started Jnm
Lacal Firewall [LFW): Started Jnm
Link Layer Discovery Protocal (LLDP]: Stopped HJJ
Media IP Transport (MIPT): Started Jnm Restart needed
Music on Hald (MoH): Started Auta W Jm
Metwork Address Translation [MAT): Stopped HJJ
Metwaork Firewall (MFWI Stopped HJJ
Motifications and Lagging Manager [MLM]: Started Jnm
SIP Endpoint (SIPER): Started [ = | = |
Simple Netwark Management Protocol (SMMP): Started Jnm
Telephony Interface [TELIF): Started Jnm
Weab [WEB): Started Jnm
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6.8 Call Routing Configuration

The purpose of this section is to configure the Mediatrix3000DG'’s call router so it can route calls

“To / From” the VoIP network and the E1 / R2 as described in the Network Diagram section.

6.8-1 Configure the [Call Router] Route Config

M iT[ > B Systern ® petwork ® RZ B OSIP B Media ® Telephony Ll Call Router Management B  Reboot
ed a r || Raoute Config Auto-routing
I
6.8-2 Confirmation of [Call Router] Status
‘ I iT[ ® ®  Syztern ®  Metwork ® RZ ® SIP W Media ® Telephany L] Call Router L Managerment = Reboot
ed a r Route Config Auta-routing
= Status
Config Modified: no

Route
Signaling

Type Sources Properties CHbtera Expression CHtera Mappings Properties

SIP Headers
Translations

Allow 183
without 5DP

Allow 130
with 5DP

Destination

Disconnect Host

SIP Headers Translations
Index Name SIP Header Built From

Call Property Built From

Destination

Call Properties
Translations

Fix ¥alue

Fix ¥alue

Call Properties Translations
Index Name

Hunt
Name

Available Interface (ISDN/RZ/POTS endpoints and SIP Gateways)

Destinations Selection Algorithm Timeout (seconds)

Name

sip-default
r2-5lot2/E1T1
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6.8-3 Click on Route Config
First of all, create the “From E1 route”. The “From E1” means call from E1 to PBXs SIP trunk
The Caller --> E1 --> Mediatrix(E1) --> PBX(SIP) --> Callee

B Systern ® petwork ® RZ B OSIP B Media ® Telephony l| Call Router |l Management B  Reboot

Mediatr"x ° |

* Route Config

Config Madified: no

Sources Properties CHtera Expression CHtera Mappings

Signaling

Properties Destination

Mapping Type
Index Critera Transformation Actions

Mapping Expression

Index Name Criteria Transformation Sub Mappings

Signaling Properties

Destination |Allow 180 (Allow 183 SIP Headers |Call Properties

Index |Name Connect |Disconnect |Host with SDP |without SDP (HFRES Translations |Translations

S$IP Headers Translations

Index Name SIP Header Built From Fix ¥Walue

Call Properties Translations

Index Manwe Call Property Built From Fix Walua

Hunt

Index MName Destinations Selection Algorithm Timeout (seconds) Causes Actions

Apply | Rollback |
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6.8-4 Configure the [Call Router] Hunt
Clickon [ +]

Hunt
F Index Mame Destinations Selection Algorithm Timeout (seconds) Causes Actions

6.8-5 Configure Hunt End example (This is only required when using gateway with more than 1 TDM
Interface) In this case you can use a HUNT as destination instead of the Interface.)
Name: Enter the Hunt_PSTN
Destinations: Select the [sip-default]
Selection Algorithm: Sequential (Default)
Timeout: 0 (Default)
Causes: 31,34,38, 41,42,43,44,47 (Default)
Click on [Submit]

-
Configure Hunt 1
VYalue Suggestion
Marne [Hurt_PsTH |
sip-default
Destinations E--- Suggestion --- W
--- Suggestion ---
r2-SlotZ/E1T1
Selection hunt-Hunt_PSTH
LT g
Algaorithrm Sequentis| route-
Timeout |D | hunt-
[seconds]
Clear
21, 24, 32, 41, 42, 43, 44,
47
Causes |--- Suggestion --- e
Config
Status
Submit Cancel

Click on [Apply] if required every time
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6.8-6 Configure the [Call Router] Mapping Type
Clickon [ +]

Mapping Type
Index Critera Transformation

6.8-7 Configure the Mapping Type example
Name: Enter the From_E1
Criteria: Select the [Called E164]
Transformation: Select the [Called E164]

Click on [Submit And Insert Expression]

* Mapping Type

Configure Mapping Type 1
VYalue

Marme |Fram_E1
Criteria [called E164 v
Transformation |Ca|led Elc4 b

Config Status

Submit Submit &nd Insert Expression Cancel

6.8-8 Configure the Mapping Expression example
Name: Select the [From_E1]
Criteria: Select the <undefined>
Transformation: Select the “/0”

Click on [Submit]
= Mapping Expression

Configure Mapping Expression 1

Yalus Suggestion
Tepe Called E164 to Called E184
Marme |From_E1 | |--- Suggestion --- v|
Criteria |<undefined> | |... Suggestion --- v|
Transformation |\D | t--- Suggestion ---§V|
Sub Mappings |--- Suggestion --- V|
Config Status

Submit Submit And Insert Expression Cancel
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6.8-9 Configure the [Call Router] Route
Clickon [ +]

Route
Signaling

Frsmer s Destination

Index Sources Properties Crtera Expression CHtera Mappings

6.8-10 Configure the Route
Sources: Select the [r2-Slot2/E1T1]
Mappings: Select the [From_E1]
Destination: Select the [sip-default]

Click on [Submit]
= Route

Configure Route 1
Value Suggestion

r2-5lot2fE1T1
Sources | --- Suggestion --- Vl
Properties Criteria | Mone v|
Expression Criteria | | | --- Suggestion --- Vl
Frorm_E1
Mappings | --- Suggestion --- Vl
Signaling Properties | | | --- Suggestion --- vl
Cestination |sip-default | | --- Guggestion --- vl
Config Status

Submit Cancel
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6.8-11 Configure the Route rule
Next, create the “From NS1000 route”.
The “From NS1000 " means call from PBXs SIP trunk to E1
The Caller --> PBX(SIP) --> Mediatrix(E1) --> E1 --> The Callee

6.8-12 Configure the Mapping Type
Clickon [ +]

Mapping Type

Index Critera Transformation

1 Frorn_E1 Called E164 Called E164 --=

6.8-13 Configure the Mapping
Name: Enter the From_NS1000
Criteria: Select the [Called E164]
Transformation: Select the [Calling E164]

Click on [Submit And Insert Expression]

]
Lontigure Mapping Iype 2
Marme [From ns1000
Criteria [called E154 w
Transformation |Ca|ling Elcd b

Config Status

Submit Submit &nd Insert Expression Cancel

6.8-14 configure the Mapping Expression
Name: Select the [From_NS1000]

Criteria: Select the [undefined]

Transformation: Select the [/0]
Click on [Submit]

-

Configure Mapping Expression 2
Yalus Suggestion

Type Called EL64 to Calling E164
Marne |Fn:h|'n ME1000 | |--- Suggestion --- V|
Criteria |{undefined} | |--- Suggestion --- V|
Transfarmation |\D | |--- Suggestion --- v|
Sub Mappings |--- Suggestion --- V|
Config Status

Submit Submit &nd Insert Expression Cancel
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6.8-15 Configure the [Call Router] Route
Clickon [ +]

Route
Signaling

Frsmer s Destination

Index Sources Properties Crteria Expression Crbera Mappings

6.8-16 Configure the [Route]
Sources: Select the [sip-default]
Mappings: Select the [From_NS1000]
Signaling Properties:
Destination: Select the [r2-Slot2/E1T1]
Click on [Submit ]

* Route
Configure Route End
Value Suggeston
sip-default
Sources |--- Suggestion --- Vl
Properties Criteria | Mons V|
Expreszion Criteria | | |--- Suggestion --- Vl
Frorm NS1000
Mappings |--- Suggestion --- Vl
Signaling Properties | | |... Suggestion --- vl
Destination [r2-slotz/E1T1 | - Suggestion --- % |
Config Status

Submit | Cancel |

6.8-17 Click on [Apply] if required every time

Config Maodified: yes
Apply

6.8-18 Configure the [Call Router] Route Config
Click on [Status]

B Sustern ™ Metwork ® ISDH B SIF B Mediz @ Telephony L] Call Router L] Managerent B Reboot

Mediatrix’

Auto-routing
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6.8-19 The call routing parameters can be seen in the Call Routing Status window.

Destination

* Status
Config Madified: no
3 q N q T - Signaling
Sources Properties Criteria Expression Criteria Mappings e
User  sip-default Mone Frorm MS1000
Uzer r2-5lotZ/E1TL Mone Frorm_E1 To MS1000

r2-5lotZ/E1T1

sip-default

Mapping From_E1

Criteria Called E164 Transformation Called E164 Sub Mappings

<undefinad> W0

Mapping From N5 1000

Criteria Called E164 Transformation Calling E164 Sub Mappings

<undefinad> W0

Signaling Properties

Early Destination Allow 120 Allow 153 _ 5IP Headers Call Propertes
Disconnect Host with SDP without SDP Translations Translations
Ta MS1000 Dizable Dizable Erable Erable Dizable SIP
5IP Headers Translations
Index Mame SIP Header Built From Fix ¥alue
Call Properties Translations
Index MName Call Property Built From Fix ¥alue

Destinations Selection Algorithm Timeout [seconds) Causes

Humt_PETH r2-Slot2/E1T1 Sequential u} 21, 34, 38, 41, 42, 43, 44, 47

Available Interface (ISDN/R2Z/POTS endpoints and SIP Gateways)

Name

sip-default

r2-Slot2/E1T1
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6-9 Basic Call Establishment

Once this configuration procedure is completed, you are ready to start making basic calls through your

new Mediatrix 3000 DG, providing that the rest of your network’s setup is configured properly.

(A) receive calls from the E1 and route them to the LAN (e.g., From Phone 2 calls To Phone 1):

1. a user picks up Phone2(Ext103) and dials the number of a line connected to the Mediatrix 3000 DG.
(e.g., 3001)

2. the E1 routes the call to the Mediatrix 3000 DG.

3. the Mediatrix 3000 DG routes the call to the appropriate PBX.

4. the PBX makes the appropriate Phonel(Ext301) ring.

5. a user picks up the Ext301 and the call is established.

(B) receive calls from the PBX and route them to the E1 on one of the E1 lines connected
to the Mediatrix 3000 DG (e.g. From Phone 1 calls To Phone 2):

1. a user picks up Phonel(Ext301) and dials a number (e.g., 2222 )
2. the PBX routes the call to the Mediatrix 3000 DG.
3. the Mediatrix 3000 DG decides to which E1 interface route this call.
4. the E1 makes the appropriate Phone2 (Ext103) ring.
5. a user picks up the Phone2(Ext103) and the call is established.
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7. Further Information and Configuration

All documents are available online on the Mediatrix Download Portal at

https://support.mediatrix.com/DownloadPlus/Download.asp.

Or on the web site at the following link

http://www.media5corp.com/en/voip-gateways/mediatrix-3000-series

Under the documentation tab.

1- For more information on the Partial Reset feature, and on what to do after performing a Partial Reset
to recover a unit with which you have lost contact, refer to the Partial Reset section of the Mediatrix 3000
Series Digital Gateway Software Configuration Guide.

http://www.media5corp.com/repository/common%20manuals/MTX_Dgw_v2-0_SCG.pdf

2- For more information on configuring level 2 network links, level 3 network interfaces and IP addresses,
refer to the Interfaces Configuration section of the Mediatrix 3000 Series Digital Gateway Software
Configuration Guide.

http://www.media5corp.com/repository/common%20manuals/MTX_Dgw_v2-0_SCG.pdf

3- For more information on configuring the Mediatrix 3000 DG’s ISDN BRI interfaces in TE or NT mode
and additional parameters such as ISDN power feeding, refer to the ISDN Configuration section of the
Mediatrix 3000 Series Digital Gateway Software Configuration Guide.
http://www.media5corp.com/repository/common%20manuals/MTX_Dgw_v2-0_SCG.pdf

4- For more information on configuring the Mediatrix 3000 DG to work with SIP servers that require SIP
authentication, refer to the SIP Authentication section of the Mediatrix 3000 Series Digital Gateway
Software Configuration Guide.

http://www.media5corp.com/repository/common%20manuals/MTX_Dgw_v2-0_ SCG.pdf

5- For information on how to configure the Mediatrix 3000 DG so it processes dialed DTMFs according to
specific dialing plans, refer to the DTMF Maps Configuration section of the Mediatrix 3000 Series Digital
Gateway Software Configuration Guide.

http://www.media5corp.com/repository/common%20manuals/MTX_Dgw_v2-0_SCG.pdf

6- For more information on call routing including routes, criteria, mappings, signaling properties, hunts,
and regular expressions, refer to the Call Router Configuration section of the Mediatrix 3000 Series
Digital Gateway Software Configuration Guide.
http://www.media5corp.com/repository/common%20manuals/MTX_Dgw_v2-0_SCG.pdf
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8. Management

8.1 Configuration Backup
8.1-1 Backup example
(This can be use to do a backup on the same model or same unit. To copy the configuration

to a different type of hardware the Script need to be used)

m  System ®  MNetwork ® RZ m SIP m Maedia = Telaphony ] Call Router ] Management m  Reboot

Configuration Scripts | Backup / Restore | Firmware Upgrade Certificates m Access Control m

-
. Jstaws |
Last Backup Result: Success
Last Restare Result: Success
| limogeconfguration - |
File Mame: |Config_2261_0531_jp |
Location: | |
Backup Content: | Config V|
Transfer Protocol: TFTE W
Usar Namae: |a*'|c"|',--ncuz |
Password: | |
Host Name: [132.1538.0.158 |
Privacy Algorithm:
Drivacy Key! [1234 |

| Submit | Submit & Backup Mow | Submit & Restore Mow

- File Name: Config_3361_0531_jp

- Backup Content: Select the Config

- Transfer Protocol: TFTP:

- Host Name: 192.168.0.168 (in this case, It's Maintenance PC)
- Privacy Algorithm: Select the [Default]

- Privacy Key: 1234 (Please write it down)
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8.1-2 Start up the TFTP Server example, in this case 3CDeamon on Maintenance PC.
--> Then Click on [Configure TFTP Server]

0 3G Daemon |Z| |E| gl
File \iew Help

TFTF Server Start Time | Pesr | Brvtesz | Status |

bun 13, 2012 095889 local 0 Liztening for TFTP requests on IP address: 1064.213.93, Port 69
bun 13, 2012 0965669 local 0 Ligtening for TFTP requests on IP address: 1921680210, Port 69

FTP Server

I| Syzlog Server
|| TFTP Glient
IFDr Help, pres= F1 ML

8.1-3 You can set an Upload/Download directory.
--> Then Click on [OK]

x]

SCDaemon Gonfizuration

General Configuration  TFTP Configuration l FTP Profiles ] Svzlog Configuration ]

ireate directory names in incoming file requests’s [
Allow overwrite of exizting files? [
Upload/Dovnload directory: |G:¥temp¥ J

Per-packet timeout in seconds (2-15): b
Maximum retries (5-200% 10

Interframe tranzmizzion gap: (0-1500) 1]

Fe
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8.1-4 Click on [Submit & Backup Now]

-
. |satws |
Last Backup Result: Success
Last Restore Result: Success
| limage configuration [ |
File Name: [Config_2261_0531_jo |
Location: | |
Backup Content: | Cenfig Vl
Transfer Protocol: TFTE W
Usar Name: |ancn',-rncuz |
Password: | |
Heost Name: [132.158.0.15 |
Privacy Algorithm:
Privacy Key: [1234 |

Submit | Submit & Backup Mow | Submit & Restore Now

8.1-5 You can see the status of TFTP.

File  Aiew Help

TETF Server Start Time | Peer | Bytes | Status |
Jun 12, 2M2 151616 192168010 58673 Rev of AGonfie D612New_jp done. 53673 bytes in 0 secs (07 KB/zec)

Gonfigure TETP Server

8.1-6 You can find a Configuration file.
TELAD 3 G#Temp

T 1} A (g Efnpey
Zr A3 NEQIAD £ 00901807h 750 (BackupD5a1 2., BO KB Microsoft Office Ou.  2012/06/12 1140
=9 FULOHIEER TS g}' 00908076750 (Backup053T hc.. 5 KB Misrosoft Offce Ou. 2012/05/a1 117
. : L Ci2 00901807h 750 cfe 58 KB Microsoft Office Ou.  2012/06/12 11:45
Q) D7 ek 2R (5 0090FBOTTDITF cfe 64 KB Microsoft Office Ou.  2012/06/12 1416
£ CO7SstEds [ Backup0531 jp 62 KB F74 )l O012,/05/31 16:43
[ Gonfie 0612New jp ETKB 77l 2012//06/12 1055
I Gontie 3361 0522 jp 62 KB F74 )l 2012/05/22 11:18
Z0M 2 || Gonfie 3361 0524 jp 60KB 774l 2012//05/31 11:50
B e i B0 KB 27 2012/05/31 1150
e 0L T1AD G = ] E1TKE F7)b 2012/06/12 1054

I S P T |
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8-2 Configuration Restore
8.2-1 Restore example.
(This can be use to do a backup on the same model or same unit. To copy the configuration
to a different type of hardware the Script need to be used)

-
satws____________________________________________|
Last Backup Result: Success
Last Restore Result: Success
*limege conpguration R
File Name: [Config_2261_0531_jo |
Location: | |
Backup Content: | Cenfig Vl
Transfer Protocol:
Usar Name: |a NoNyYmous |
Password: | |
Heost Name: 152.168.0.158 |
Privacy Algorithm:
Privacy Kay: |'_23-'i |

Submit | Submit & Backup Mow | Submit & Restore Now

Please enter the following as example

- File Name: Config_3361_0531_jp

- Backup Content: Select the config

- Transfer Protocol: TFTP:

- Host Name: 192.168.0.168 (in this case, It's Maintenance PC)
- Privacy Algorithm: Select the [Default]

- Privacy Key: 1234 (Please write it down)

Click on [Submit & Restore Now]

8.2-2 Pop-up the window in the following.

\g) WARMNING: The unit will automatically reboot after the restore operation.
l Ok ) [ #Feutl |

8.2-3 Unit initialed an automatic reboot. --> Then Click on [OK].

L] E IInit initiated an automatic reboot.
.




8.2-4 You can see Reboot Current Status

Automatic Reboot In Progress
o - -

And TFTP Status on TFTP software.

Fil= Wiem Help

TFTP Server Start Time | Paer | Bytes | Status |

Jun 12, 2012 151733 1921658010 58673 Send of /Confie 061 2MNew jp done. 523673 bytes in 0 zecs (57 KB/ zec)
Jun 12, 2012 151616 192168010 88673  Rov of /Config 0612Mew_jp done. 58673 bytes in 0 secs (57 KB/ zec)

Configure TFTP Server

8.2-5 Please login again.

Mediatrix*

User Name: I:u:lic |

Password: I |
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8.3 Configuration Scripts Export
The configuration Scripts is able to transfer to another unit.

Note: It is necessary to use TFTP server as same as Configuration Backup/Restore.
8.3-1 Export Script example.

Click on [Management] — [Configuration Scripts]

B Systern ®  Metwork ® RZ B SIP ® Mediz W Telaphony L] Call Router L] Managernant L]
Configuration Scripts I Backup / Restore Firrmware Upgrade Cartificates Access Contral m
8.3-2
-
Scripts Status
DescHpton Export Run
Current State: Idle Idle
Last Result: Success Tr..ans'Fer succeeded but
failed to run completely
Last Successful: 2012-06-12 14:54:56
| Texport script I
Content: |1‘1‘x|| Config Vl [dawnlaad)
Send To URL: [tFtp:i19z. 1680, 16869/ % maci. ofg |
Privacy Hey: |1234 |

8.3-3 Click on [Submit & Export Now]

Submit I Subrmit & Export Mow Subrmit 8 Run Mow

8.3-4 You can confirm Export result. Click on [Refresh]

COperation in progress,.,., Refresh to update the scripts status,

ScHpts Status

DescHplton
Current State: Exporting 1T 1T 1T 1 1 Idle
Last Result: Success Transfer succeeded but

failed to run completely

Last Successful: 2012-06-13 10:49:22

- 58 -




8.4 Configuration Scripts Run
8.4-1 Run Script example

Run Scripts I

Generic File Marne: [oo090fe07E7S0,Fg |

Specific File Name: | |

Location: | |

Transfer Protocol: TFTE %

Uszear Marme: |

|
Password: | |
Host Hame: [192.168.0.168:69 |
Privacy Keay: |1234 |
Allow Repeated Execution:

Please enter the following as example
- Generic File Name: 0090f8****** cfg
- Transfer Protocol: Select the TFTP
- Host Name: 192.168.0.168:69 (It's Maintenance PC)
- Privacy Key: 1234

8.4-2 Click on [Submit & Run Now]

Submit | Submit & Export Mow Subrnit & Run Mow ||

8.4-3
-

Operation in progress... Refresh to update the scripts status,

Scrpts Status

DescHpton

Current State: Idle Running CIE@C 1T 1T 11

Lact Result: Cuccess Tr..ansfer succeeded but
failed to run completely

Last Successtul: 2012-06-132 10:49:59

-50 -



8.4-4 Require to restart

Click on [service table]
Sorme changes require to restart a service to apply new configuration.
Pleaze click thiz link to access tI‘F seruice: table,

8.4-5 Restart Require Services

Click on [Restart Require Services]

SIP Endpoint (SIPEP): Started B restartneeded

Submit IREStar'tRequired Cervices I

8-4-6 You can confirm Scripts Status

-
Ltcrpts Status
DescHpton
Current State: Idle Idle
Last Result: Success Success
Last Succe=zsful: 2012-06-13 11:33:03 2012-06-13 11:534:0%9
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9. Troubleshooting

For Troubleshooting please refer to the following document:
http://www.media5corp.com/repository/Common%20configuration%20notes/Technical%20Bulletin%200
662%20-Troubleshooting%20Tools%20t0%20Diagnose%200r%20Report%20a%20problem.pdf
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