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1. Introduction

MV-370/MV-372 is a 1/2 channels VolP GSM Gateway for call
termination (VolP to GSM) and origination (GSM to VolIP). Itis SIP based
and compatible with Asterisk. It can enable to make 1/2 calls
simultaneously from IP phones to GSM networks and GSM network to IP
phone.

2. Function description

2.1 VolP(SIP) ~ GSM(MV-370/MV-372) conversion.

2.2 50 sets of LAN->MOBILE routes setting > 50 sets of MOBILE->LAN
routes setting.

2.3 Voice response for setting and status (dial in from mobile).

2.4 Series connections to save bills.

2.5 Standard SIP(RFC2543,RFC3261) protocol »
Communicates with other gateway or PC.

3. Parts list

Please check the parts for any missing parts. If do, please contact
our agents :
3.1 "MV-370/MV-372 ; main body
3.2 Power adaptor AC-DC (110V AC — 12V DC) or (220V AC - 12V DC)
3.3 Network cable
3.4 Antenna
3.5 User Manual
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5. MV-370 Panel description

(5.1) (5.2) (5.3) (5.4)|(5.6)

(55) (5.7)

5.1 Antenna : Antenna connector.

5.2 DC 12V : Power socket.

5.3 LAN: Standard RJ-45 socket, connecting to Hub circuit.

5.4 PWR: Power indicator light, red light. Light is on when system’s
power supply is normal.

5.5 MOBILE: GSM indicator light, green light. Light flashes when
GSM status is normal; light turns on constantly when GSM is
called.

5.6 LAN: LAN indicator light, green light. Light flashes when Lan is
called; light turns off when GSM answered.

5.7 LINK: Link indicator light, green light. Light is on when network
IS connected correctly.



6. MV-372 Panel description

L}ORTech N

rCTi Partner.

PWR v,
] Volpq Volp Link

6.2 6.3 6.4 6.56.66.76.8

6.1 Antenna : Antenna connector.

6.2 DC 12V : Power input.

6.3 LAN : LAN port. It also can be DHCP Server.

6.4 WAN: RJ-45 internet connector > standard RJ-45 socket > connect to
HUB.

6.5 PWR (Power LED) : Light up when power is normal.

6.6 VoIP1 : an indicator light of VolP1

6.7 VoIP2 : an indicator light of VolP2

6.8 LINK Indicator : Light up when network is connected.



7. CABLING

7.1 Connect the internet cable from HUB to the ‘WAN’ connector of the
MV-372.
*If you need to stack up more MV-372, you can stack up as follows.

How to stack up?

MV-372 Mv-372 -MV-S?E

LA WAN LAN WAN

. —

7.2 Connect the antenna and put it in proper position to get the best
signal reception.

7.3 Insert the SIM card from back of the main body. (Take the slide off
first).

7.4 MV-370/MV-372 support manual switch IP MODE to DHCP and
manual restore to original firmware for update failure.

There are SW1 and SW2 button shows as follow diagram:

& -~

‘ iij

7.4.1 SW1 function: Restore the factory default IP 192.168.0.100

STEP: Please press the SW1 in 7~8 seconds till the Mobile and LAN led flash blink.
7.4.2 SW2 function: Switch MV-37X IP to DHCP MODE




STEP: Please press the SW2 about 7~8 seconds till the Mobile and LAN led flash

blink.
7.4.3 SW1 + SW2 function: Manual restore and restart MV to original firmware for

update failure.

STEP: Please remove the MV power cable, and press the SW1 and SW2 at
meantime. Then plug in the power DC 12V and don'’t let go in 4~5 seconds. When
Mobile and LAN led flash blink, you can reboot the device and login to 192.168.0.100
for firmware update procedure.

7.5 Connect the power adaptor. The ‘POWER’ LED should be light up.

8. Web Page Setting

When the IP setting is done, the operator may setup all the rest
parameters via web page. Browse the IP address from Internet
Explorer (e.g. http://192.168.0.100). The following page shows up :

[ ogin PORTech VolP

Enter yvour username and password to login
WoIP serer
Llsarnatme ||
Paaaword |
Login ClE:arl
™ Remember last login

Enter the username and password for authentication. (default
username=voip, password=1234). The page follows when the
username and password are correct.




9. System Information.

9.1 When you login the web page, you can see the demo system current
system information like firmware version, company... etc in this
page.

9.2 Also you can see the function lists in the left side. You can use
mouse to click the function you want to set up.

PORTech  yropite VoIP2 vious

Your CTI Partner

Route
Model Type: MW-372
Mobile Module Description: GSM:850/900/1800/19300MHz (SIM3x0)
Firmware Version: Tue Oct 19 10:13:19 2010
Mgl Codec Version: Thu Jul 29 11-15:45 2010.
SIP Settings Contact Address: 150, Shiang-Shung N.Reoad., Taichung, Taiwan, R.0.C.
STUN Setting Tel- 886-4-23058000
Fax: 886-4-23022596
Update E-Mail: sales@portech.com tw
System Authority Web Site: http-/hwww portech corm tw

Save Change

Reboot
© 2010 PORTech Communications Inc.

10. Route

Important:

The route table -50 sets can share by two channels

The setting,please refer 11.2 Mobile setting

ex: Mobile 1 use the route table for item 0-24,
Mobile 2 use the route table for item 25-49




10.1 Mobile TO LAN Settings
The operator may assign 50 sets of routing rule to transfer the call
incoming from MOBILE to LAN.

PORTech,  /,pile To LAN Table

Your CTI Partner

Route Page: |1 ¥
Mosle To Ler Settngs | - | S R AT
hMohile To Lan Spegd Ozl 0 i i O
Lan To Maobile Settings
Mobile ;
Network =
SIP Settings :
NAT Transform :
Update 7
System Authority a
Save Change g
Fehoaot
Delete Selected ] l Delete All ] [ reset l

Add New

Fosition: | {0~49)

cID: Ex0211111111, 09117, 7

LIRL: _ Ex:192.168.0.1, =25t

The MV-370/MV-372 will transfer to the URL according to the caller ID of
the Mobile.

*CID :
(1) may enter the whole number, e.g. 0911111111
(2) only part of the number (prefix) e.g. 0911* means any number
starting with 0911 will be accepted




(3) * means all numbers can be accepted

(4) N means the calls without the CID

Please note the priority of the rules. The item which has more digits will

have higher priority. If the digits are the same, then former one gets the

higher priority.
*URL : The IP address to transfer this call

(1) may enter the whole IP address, e.g. 192.168.0.101 or proxy
extension or phone number.

(2) If this field is blank or simply ‘N’, it means refuse to transfer.

(3)If an ™ entered, it means 2-stages-dialing. The call will be
answered and prompt dial tone again to receive the IP address/sip
extension or any phone number as the destination. The caller may
enter the IP such as 192*168*0*101#.

*If the device have reqister proxy server/Asterisk ,you can enter any

destination phone number. Please note the proxy server/Asterisk
need to set the route of destination phone number.

Example:
(1) Mobile to Lan: 0932*,0911123456
MV-370/MV-372 have register proxy server/Asterisk
The proxy server/Asterisk have the route “09”
When the caller's prefix number is 0932,MV-370/MV-372 will
connect 0911123456 automatically
(2) Mobile to Lan: *,*
Any caller call the MV-370/MV-372’s sim,MV-370/MV-372 will prompt dial tone.
Caller can enter IP or sip extension or phone number.
*sip extension or phone number both need to register SIP Proxy
Server or Asterisk.
*Phone number, SIP Proxy Server or Asterisk need to set the route
of this phone number.




10.2 Call Back Service (50 sets)

PORTech / pilc To LAN Table

Your CTI Partner

Route Page: |1 ¥
Mohile To Lan Settings | m CiD URL m
WODIE To Lan speed Uial
: ; a 0933579613 #
Lan To Mohile Settings L
1 +H3869335759613 # ]
Mobile 5
MNetwork 3
SIP Settings £
5
MNAT Transform =
Update 7
Systern Authority 3
Save Change g
Feboot
Delete Selected l [ Delete All ] [reset]

Add New

Position: | 0~49)

CID: Ex:0911111111, 0911*, *

URL: | | Ex192.1880.1, =25t

You can set call back service as the following steps
(1) CID : set the phone number here (up to 50 sets)
(2) URL: # (# is the command of call back)
Application:
a.Call MV-370/ MV-372
b.MV-370/ MV-372 will detect the phone number is in call back list or not
c.If yes, MV-370/ MV-372 will reject the call, and call it back
d.You will receive the call from MV-370/ MV-372, and prompt a dial tone

-10-



10.3 Mobile to LAN Speed Dial Settings

When you set Mobile to LAN Speed Dial Settings and Mobile to
LAN at the same time, MV-370/MV-372 will give priority to Mobile to LAN
Speed Dial Settings.

PORTech Mobile To LAN Speed Dial

Your CTI Partner

_tem | Name | URL_________|Select]

Route
Test 192.168.0.107 F]

Mobile To Lan Speed Dial
Lan To Mohile Settings

Mobile

SIP Settings

NAT Transform

Update

Systern Authority

Save Change [
Fehoot

0
1
2
3
4
Network 5
B
7
8
9

Delete Selacted ] [ Delete All ] [Reset]

*The call will be answered and prompt dial tone again. When the caller
may enter the “Num”, system will connect the “URL" as destination.

E.g Num: O Name: test URL:192.168.0.107

When the caller hear dial tone and enter 0, system will connect
192.168.0.107

-11-



10.4 LAN to Mobile Settings
The operator may assign 50 sets of routing rule to transfer the call
incoming from LAN to MOBILE.

PORTech | \\ To Mobile Table

Route Page:|1 ¥
Viabil Lan Settings
Moble 1o Lan etnr [ ftem | URL | Call Num
{0 To liobie Seffings : : £ [l
1
Mobile
2
Network 3
SIP Settings 4
5
STUN Setting g
Update
P 4
System Authority 8
Save Change g
Reboot
Delete Selected l [ Delete All I [Resetl
Add New
Position: | (0~49)
URL: - Ex: 192.168.0.1, 192.168.0.*

1. e.g. 091111111 (may enter the whole number)
2. " 2-stage dialing
Call 3. # one-stage dialing
MNurn: | 4. #d?a?: for example #d123a456
destination number is 123111111
new destination number is 456111111

[M] Reset
The MV-370/MV-372 will transfer to the mobile number according to the

incoming URL

*URL : The IP address of the incoming call.
may enter the whole IP address, e.g. 192.168.0.101 or proxy server’s extension. If
a simple * is entered, means no restriction for the incoming IP address.

*Call Num :

-12-



1. May enter the whole number, e.g. 0911111111
2. A simple *’means 2-stages-dialing. The call will be answered and prompt dial
tone again to receive the called number as the destination, e.g. 0911111111 or
0911111111#
3. # for one-stage dialing
4. # ['d’'n]['a’ppp] for one-stage-dialing
[...] is option
'd'n means to delete the beginning n codes,
'a’'ppp means to add 'ppp’ in front.
For example #d123a456 means one-stage dialing,
delete the first 123 from your destination number,

then add 456 in front as the new destination number.

Example:

Lan to Mobile: *, #

(21)MV-370/MV-372 and Lan Phone both need to register proxy server or Asterisk.

(2)Proxy server/asterisk set the route that the prefix of destination number

(3)When you dial any destination phone number from lan phone,MV-370/MV-372 will
connect this call auto.

Example of Application:

When you call the ch.1 MV-370/MV-372 GSM number, it will provide dial tone and
you enter a destination number.

Then ch.2 MV-370/MV-372 will dial this number and connect.

ch.1 MV-370/MV-372: mobile to lan set route table *,*

ch.2 MV-370/MV-372:lan to mobile set route table *#

Additionally, two channels MV-370/MV-372 both need to register proxy server or
Asterisk.And proxy server/asterisk set the route that the prefix of destination
number dial out from ch.2 MV-370/MV-372.

*The channel 2 MV-370/MV-372's IP: the first IP  :5062(e.g.
http://192.168.0.100:5062)

-13-



11. Mobile

11.1 Mobile Status

PORTech /. uile Status

2010-10-27 10:00

Route

| Mobile 1
Mobile
Status Operator:
Settings i
Fwd Settings S e
SMS Agent Signal Quality:
SIM Setting

Sr— Registration State:
Operator Setting =

GSM SN
Network
SIP Settings Motion State: Mobile: OFF
STUN Setting Incoming URL- i
Update Incoming Name:
System Authority Qutgaing IP:

Save Change
Reboot

Incorming Mob:

Qutgoing Mob:

(1)Network Registration : The SIM card of telecom carrier is been
registered

(2)SIM Card ID : SIM card ID.

(3)Signal Quality : Signal quality. (4)GSM S/N : IMEI Number

(5)Motion State: The status of SIM card

(6)Incoming IP : The IP address of the last incoming call from LAN.

(7)Incoming IP Name: proxy server name

(8)Outgoing IP : The IP address of the last outgoing call to LAN.

(9)Incoming Mob : The caller ID of the last incoming call from MOBILE.

(10)Outgoing Mob: The called number of the last outgoing call to

MOBILE.

-14-



11.2 Mobile Settin
J Only change “mobile” into “on” or

PO RTE[:h : . “off”, just click “submit”, no need
Your CTI Partner MOblle Settmg to click “save change”

chinssiie (1) VvolP TxGain: |3 VolP Rx Gain: 11 |(0~15) (2)
Mobile (3) LAN Dialtone Vol: |9

Status

Settings Mobile1 @ ON ©OFF

Fwd Settings Routing Range 0 ~149 | (0~49)

SMS Agent ] ;

SIM Setting (5) CODEC Tx Gain: |6 | (0~T) CODEC Rx Gain: | B {0~T) (6)

Operator Setting (7 SIP From: Tel/User (Standard)  + | Answer delay 0 {0~15) (8)
MNetwork (9) CLID Presentation OOFF @ON Restart dial fails 1 | (0~15) (10)
SIP Settings QIR \fobils PN Code- | On 1] Cods: Confirmed:

STUN Setting (12) Dial Prefix LAN Answer Mode _J_’-";nswered ¥ (13)
Update (14) Init AT Cmd | :

Sy i Band Type: Default b

System Authority (15) and Type efau |

Save Change

Reboot (16) O

Mobilg'1:> "
6)RX
LAN ( > > «—>
—— 3 VoIP M
0 (5) Tx Codec . ¢|> GS
DTMF
(1VoIP Tx Gain Q"Ob"e 2
X
< —> > >
(D) VolPRx Gain x| oo | L GSM

{

DTMF

(1) VoIP Tx Gain: To adjust the volume of LAN side.
(2) VoIP Rx Gain: To adjust the volume of Mobile side.

-15-



(3)LAN Dial tone Gain: DTMF Receiver is not good, you can adjust gain
down.
(4)Routing Range: The route table -50 sets can share by two channels
ex:_Mobile 1 use the route table for item 0-24,
Mobile 2 use the route table for item 25-49
(5)CODEC Tx Gain: as above
(6)CODEC Rx Gain: as above
(7) SIP From: Caller ID transfer
® Tel/User (Standard): If you need to register to Asterisk and proxy
server, please choose this option. And how to transfer the caller ID
to LAN, please refer 21.How to setup Asterisk to receive Caller ID
from MV-370/MV-372 (page 42)
MV-370/MV-372 will send the message as follows in the Packet.
From: “caller number” <sip:3001@192.168.0.228>;tag=51088abb)
® User/User (Standard): If you need to register to Asterisk and proxy
server, please choose this option.
MV-370/MV-372 will send the message as follows in the Packet.
From: " 3001" <sip:3001@192.168.0.228>;tag=51088abb)|
® Tel/Tel :
MV-370/MV-372 will send the message as follows in the Packet.
IFrom: "caller number" <sip: caller number @192.168.0.228>;tag=6ac93f7¢
I Please note: If you choose this option, please don't register to
Asterisk and proxy server. Please only fill |proxy server IP| and
choose Active: on|(else field empty) in sip setting/service domain
® User/Tel
MV-370/MV-372 will send the message as follows in the Packet.
\From: “Username” <sip: caller number @192.168.0.228>;tag:7f130947\

-16-



% If you choose this option, please don't register to Asterisk and

proxy server. Please only fill proxy server ip,Username| and

choose (else field empty) in sip setting/service

domain

(8)Answer Delay: Delay for incoming call when the ring.
(9)Presentation CLID: If you need to block the Caller Id for call
termination, please choose Suppression
(10) Restart Dial Fail: In this feature, user can initialize and register the
module while GSM module dials fail in couple times. When GSM
module is dysfunctional, it can avoid the device shut down in
advance.

(11)Mobile PIN Code: If you need to unlock pin code via
MV-370/MV-372, you can click “On” and enter pin code.

(12) Dial Prefix: The prefix number of outgoing calls. When Lan to Mobile,
MV-370/MV-372 will automatically add the “Dial prefix” for outgoing
mobile.

(13)LAN Answer Mode:

*Answered: when mobile answer, and then connect the call
*Alerted: when the mobile is ringing back tone, then connect the
call
*Income: when Lan dial out, then connect soon
(14) Init AT Cmd: User can fill the AT Command for GSM module
(15) Band Type: You can manual setting according to your GSM
Frequency of carrier.
(16) ON/Off: If you use this channel, please click on. Otherwise, please
click off.

-17-



11.3 Mobile / Forward Setting:
When the first route are busying, SIP can transfer phone call to
another free route. When the device are busying, the phone call
can be transfer to another device (external equipments).

PORTech Forward Setting

Your CTI Partner

Route [] Forward Enable

Mobile T e URL:Port
P— Fwd to Mobilel: | ' [192.168.0.100:5060 |

et Fwd to Mobile2: | | [192.188.0.100:5082 ]
Fwil Settings | : o =

SMS Agert Fwd to External: | 4
Network

SIP Settings

NAT Transform
Update

Systemn Autharity
Save Change
Fehboot

* "Eorward Enable” is not motivate on Default value.
So please, mark "Forward Enable" this blank to motivate this function.
Take SJ Phone for example: Profiles -> Edit -> Advanced -> Accept
redirection replies (Turn on the "Forward Enable", therefore the SJ
Phone can designate a port which are free to use.)

-18-



Fwd to Mobilel:

Fwd to Mobile2:

Fwd to External:

."":,. Profile Oplions

General | Initislization | SIP Proxy
Adwanced |  DMF |  sTUN

v Lecept redirection replies
[ Tz short headers %

[v Expose software verson

[ s obsolete transfer mechandzm (BYEMA o)

- Eestrict caller identity (zupport varies for proxes from
different vendors)

- Tz "standard " satoz messages (otherwize messages vwill be
taken from FIF packets)

Voice mail moumber or address: |

[v Eemove fancy characters from phone numbers

(] | Cancel

| Name | URL:Port

‘ ‘ 192168 0.100:5060

‘ ‘ 192.168.0.100:5062

The Explanation of Picture:

Fwd to Mobile1:192.168.0.100 : 5060, it means when 5062 Port are
busying, SJ Phone can transfer the call to 5060 Port (192.168.0.100).

Fwd to Mobile2:192.168.0.100 : 5062, it means when 5060 Port are
busying, SJ Phone can transfer the call to 5062 Port (192.168.0.100).

-19-

® |If both 5060 port and 5062 port are busying at same time, you can set
up "Fwd to External", then you can transfer the phone call to another
designate device.




11.4 Mobile / SMS Agent:

Your CTI Partner

PORTech SMS Agent Read received SMS

Route . Pot [ saws | Bank
= Maobile 1 Mot Ready Nl
Maobile
MWohile 2 Mot Ready Il
Status
Settings
Bl i L SMSSender
EME Aneni Encode | ABCY (ASCI 7bit) b

Nisbask Wia anhiIe ®1 Oz . 2 mode:

= Dest Mum | [ .
SIP Settings e S ASC7(ASCII 7 bit)
NAT Transform UCS2(Unicode 16
Update Message
System Autharity
Save Change You have 160 ASCT chars rema'i-ning far your d'esu:ription..
Feboot

(1) Rx List: Read received SMS
(2) Dest Num: the Receiver’s phone number
(3) Message: Please fill the messages that want to send to receiver.

When you click Rx List, you can view all received SMS as follows.

SMS Rx List

Read| Status | RemotelD

ll REC READ 506936114545 050101 18:34:22
H FEC READ B8ORS 3535R002 08/0312 16:25:27

Click the serial no,you can view message as follows.

-20-



SMS Reader

M
i o T IIIBIEIHHE 16:29:27
hs Serial can send SMS and receive Sh5S ;j
=
Back | Delete |

-21-



11.5 Send Bulk of SMS via Microsoft Excel
First of all, please open a new Excdl file.

Step 1 Format Cells

Here, we need you to format cellsto “Text” first.

Please click mouse right key, and choose “Format Cells”
BLANK A

& Untitled 1 - OpenOffice.org Calc

File Edit Wiew Insert Faormat Tools Data  Window Help
‘B-EBH= BaR P KRG
: @d |anal vl[lw & B F Uu

)

- @M iy RO O
CHETAE R AT

|18
| 1

|&1:865536

"
|
|
I
\
|

Default Formatting

Insert..,

" Delete, ..

Delete Contents. ..

Insert Mote

1

B

a4 Cut
- By copy

Paste

=i Paste Special...

-22-



BLANk B

B -8 s | B SR B[ 3 B B S | - - |
i @l [aral ~| [10 B B Fr U | = = == |§|]
E |
= | Cx [ E F

= ' DeFaulk Formakking

5

<

= In=erk, ..

& | Delste, ..

7 = Delete Conkents. ..

(=]

a =] Inserk Bloke

1o | | 5 R

11 g -

e [ sy copw

13 | | (7% Paste

1< | Paste Special.. .

15
Step 2

In the Format Cells, please select “Text”

Intitled 1 - OpenOffice.org Calc

Fil= Edit View Insert Format Tools Data  Window Help

B-EH® o BER V[ E KD D @By @S
P @ [avial v|l[w & B 7 U §§§§|§|llﬂ B % B Te ¥ e= o= | O

Al ABS5560

Cell Protection

Numbers |F0nt | Font Effects | Alignment | Asian Typography || Borders | Background
Cateqary Forrak Language
Currency 1 |Default ~ |
Drate

| 1234.57 |

Dipkions

Decimal places Megative numbers red

Leading zeroes I:l Thousands separator
Format code

@ [ [

L (8] ][ Zancel ][ Help ][ Reset J

bk Sheetl |

® Pleasedo thisaction for BLANK A and B both.

-23-



Step 3

BLANK A: isfor you to key “phone numbers”

BLANK B: isfor you to key “text”

File Edt Wiew Insert Format Tools Data Window  Help

B EBH= 2 BER YEKee-¢ D@L by H2EEQ

: @ [ana vw v BIU s=== [S[} L%¥uN e O

=
m
i
L
L
!

1 |{0Y5555553 Homwe Are You?

Emmumm-ﬁw

I

Step 4 Savethefile

dit  Wiew Insert Format Tools Data  Sindow  Help
 ER P K-y B @Rk
o ~| B 7 U VAR 2

L ]Hl:uw Are Your?

Mew 3

(2 open... Chrl+0
Recent Documents 3

Wizards r

71
L)
|
I

n Are Y ou?

S0 CErlShifE+S

[% Export...
Expott as POF...
Send s

_24-



Save the type as “Unicode Text”

savein: | (@ Desktop | @

-- ¥ IE] My Documents

; j My Computer
My Recent | Sdmy Network Places
Documents

Desktop

k :

My Documents

My Computer

: File pame: ‘test v ] [ Save |

My Network
Places lSave as type: | Unicode Text I v | [ Cancel J

=

@
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Step 5
Open MVsms_exe --> MV-SMS (Configuration Settings)

& MVsms_exe |:| |E| {g|
File Edt “iew Favorites Tools  Help ﬁl‘
@ Back - L.-J Iﬁ /._.] Search |ll’:‘ Falders '

CE

kernelzz. dil o i Mlicrosoft, w30, DebugCRT. ma...
5.1.2600.5512 "‘& MAMIFEST File
‘Windows NT BASE APT Client DLL 1 KE

Addreg |

=] E:hrmv_smsiMysms_exelMysms_gxe

i comdig3z. dil
‘-Q’ 6.0,2900,5512
Zommon Dialogs CLL

Folders

5

msyerg0d. di
8.0,50727.42
Microsoft®E C Runtime Library

msvemgod, dil
8.0,50727 .42

msyvcp30d.dil

ded (C:} 5.0.50727 .42

(D)

N
) A
ne (E:
( d Dy oy sms
My _SMS H 1LK File
Vems_exe 478 KB
} | ,.E Ty

Microsaft@E C Runtime Library MicrosaftE C++ Runtime Library

MY_SMS
Configuration Settings
1 KE

1 M¥sms_exe
“older

user3z2.dil
5.1,2600,5512
wfindomes =P USER APT Client DLL

My_SMS
FDE File
1,167 KB

shivwapi.dil
6.0,2900,5512
shell Light-weight kilicy Library

-
e
oy

ech

acuments = L wsz_3z.dl

stor's Documents "ﬁ 5.1.2600,5512

|aias windows Socket 2.0 32-Bit DLL I:l
Step 6

Please do the configuration as following:

MV-378

£ MV_SMS - Notepad
File Edit Farmat Yiew Help

[WVoIP]

1=192.168.0.100
2=162.168.0.100
3=192.168.0.100
4=192.168.0.100

[PORT]
1=23

2=8023
3=8123
4=H5223
[UsER]
l=voip
Z=voip
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File Edit Format  Wiew

Help

MV-372 & MV-370
E. MV_SMS - Notepad

_)

oN=1E3

File Edit Format Wiew

Help

[info]
Total=4
[voIrlk
1=192.1a8.0.100
[PoRT]
1=23
[UsSER]
1=wvoi
[Fass
1=1234

| P
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Step 7
Run MV-SMS program

B MVsms_exe
Edit

File: Wigw  Favoribes  Tools

Help

e

comdig3z. dil
6.0,2900,5512
Common Dialogs DLL

msvcmand.dl
1ded (1) 5.0,50727 .42
) Microsoft® C Runtime: Library
e (B
ns
Vems_exe
J M¥sms_exe
“older MY _SMS
PDE File
ech 1,187 KB
acuments . L wsz_zz.dl
star's Documents "'ﬁ 5.1.2600,5512
e Windows Socket 2.0 32-Bit DLL
1. Open File

kernel3z.di
5.1.2600,5512
‘Windmas NT BASE API Client DLL

msvcpS0d. dll
5.0.50727.42
Microsaft® C++ Runtime Library

MY_SMS
1LK File
475 KB

shlwapi.dll
6.0,2900,5512
Shell Light-weight Ukiliey Library

Microsoft, w30, DebugCRT.ma. .,
MAMIFEST File
1EKE

sy crSod. dil
5.0,50727.42
MicrosoftE C Runtime Library

=

MY _SMS
Configuration Sattings
1KE

user3z.di
5.1,2600,5512
Windows %P USER, APT Client DLL

=t

Send Message(M)
Exit(E)
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2. Open the “Excdl file” that you just saved

Laoak in: ] @ Dezktop

@My Documents

g’ My Cormputer

My Recent Sy Metwork Places
Documents E2REG

Flaces

Py M etwork, File name: ..I.i Open

o

Filez af type:
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Step 9
Sending

B MY _SME [321 txd]

Tool(Ty HelpH)

=== Login Telnet System ===

Start System YWaiting ....
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Step 10
Send SMS Complete

B MY SHS [321 bxd]
Tool(Ty HelpH)

=== 5end 5MS Complete ===

[1] 0935386862 20092125 09:59:36
[2] 0935386862 20097225 09:59:28
[4] 0931266207 20094225 09:59:27
[3] 0912062361 20092125 09:59:27
[1] 0935386862 2009/2/25 09:59:13
[2] 0912062361 2009/225 09:59:05
[4] 0931266207 2009/2/25 09:59:05
[3] 0981086825 20097225 09:59:05

=== Login Telnet System ===

oSM5 Message Total: [ 8 ]
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11.6 use AT Command via Telnet or your program

Allows your program or Telnet Send/receive SMS with AT Command
Port: 23

username: Yolp Please enter account
password: ==

user level = 1.

and password

command: logout, module. modulel. module?.

>modulel
getting md&;{;_I—TTTl\Fhoosernodwe ’

got!! press ‘ctrl-x’ to release module 1.

361‘4::::(:;mramfﬂmnwmcwume |
0 your at command below

at+cmgf=1

gt+cmgs="8911123£561==:::::[:%;mrchmgsthonenumbeﬂ
>

test

> Enter short message and ctrl+Z
+CHGS: 30 { S
0
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11.7 USSD SIM Balance Check via Telnet

‘g 5218 - BB EERTE

HEDR ‘Eﬁﬁ@ RO PN #EED SHeAH

username: wvoip
password: ==x=x
user level = admin.

command: logout, modulel, module?, statel, state?, info.
Imodulel

getting module 1 ...
got!! press ‘ctrl-®’ to release module 1.

at-cusde1,"CETITTE

+CUSD: 2, Accepted”,B
0

1. USSD Request

release module 1 ...
2. Module command

<

HESR 00:01:43 | ANSIW TCPIP A - NI

1. USSD Request: It's the USSD code for your operator to check balance AR.

2. Module command:

Please enter “15” for Siemens BG2W module
Please enter “0” for Simcom module
+ You can check this information on main page in Module Description
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After you send the USSD request, MV will receive the SMS from operator
Please check the incoming SMS on SMS Agent

PORTech SMS Reader

Your CTi Partner

. Index[Remoted __________________[Date, Time
Mobile 2 01145009310000990016 11/08/26, 15:24:43
Status ME 5 4 mmHTSTOAE

Settings

Fwd Settings
SMS Agent

SIM Setting
Operator Setting

SEFTEEENTE1836.0
BlsnEeE 19037959
ESERE4046247T121

i

Network

SIP Settings [ Back ] l Delete ]
STUN Setting

Update

System Autharity
Save Change
Reboot
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11.8 SIM Setting

Route
(0001 ~ 9999, Server mode)
Mobile
Status SIM Card of Mobile 1
Settings Mode O Local O Bank & Server
Settings Mobile ID- | 20000000 | Group: |1
g C} Card ID: _bUUUUUUU
Operator Setting Bank URL '

Hehinory SeverURL  [59.125.1.191.1200
SIP Settings a0000000@59.125 1.190-9292
STUN Setti
LRI S SIM Card of Mobile 2
Update Mode O Local O Bank & Semer
Systens Auttily Mobile ID: [ 20000001 | Group: |2
Saie Change Card iD- | b0000001
Reboot

Bank URL

Server URL 59.125.1.191:1200

Status a0000002@59.125.1.190-9292

[ Submit ] [ Reset ]

1. CU ID: It’'s the ID for MV and SIM Server Transfer Protocol, within
1~9999. Each MV under same SIM Sever should setup different CU
ID, and no reusing parameter. E.g. If you put “888” on 1% MV-378 that
you can’t use “888” on 2" MV-378, and so on.

2. Mode
a. Local: Disable Remote SIM feature
b. Bank: Enable Remote SIM Bank feature, and manage SIM card on

SBK-32 SIM Bank.
c. Server: Enable Remote SIM Server feature, and allocate SIM
cards on SBK-32 SIM Bank.

3. Mobile
a. ID: Put in 8 digits (hexadecimal, also base 16), which used for

GSM Module ID identification to Remote SIM protocol. User can
define the ID. IF it's Server Mode, just leave it default. If it's Bank
Mode, No reusing GSM Module ID for same SIM Bank.
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b. Group: Fill in SIM Group number for Remote GSM module. Server
follow SIM Group Number to allocate SIM card to correspond GSM
module

. Card ID: Put in 8 digits (hexadecimal, also base 16), which used for

SIM Card ID identification to Remote SIM protocol. User can define

the ID. If it's in Server Mode, Card ID can be blank or default. As for

Bank Mode, Card ID must be corresponding to SIM Card ID of SIM

Bank.

. Bank URL: If it's Bank Mode, please fill SIM Bank IP and Port Number.

On other hand, please leave blank for Server Mode.

. Server URL: If it's Server Mode, please fill SIM Server IP and Port

Number. On other hand, please leave blank for Bank Mode.

. Status: User can check the SIM Card ID of GSM module and IP, Port

Number of SIM bank.
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11.9 Operator Setting

PORTech

Your CTI Partner Operator Settmg
Mobile 1,2 +
Dial Peer
Route
Mobile 1:
o | {0: resume auto)
Status Work Mode () Every time reset module & Manual
Settings

Fwd Settings

SMS Agent Mohile 2:

SMS Agen -
SIM Setti Opreator 1D | (0: resume auto)
Q | Work Mode O Every time reset module & Manual
Network

SIP Settings Submit | | Reset |

STUN Setting

Update

System Authority

Save Change
Reboot

1. Operator ID: When GSM module is registered, user can click the List
to show all available operators in that area. You will see like follows
diagram.
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Operator List

'Mobile 1 * |

00 Current Chunghwa Telecom (CHT) 46692 O
01  Forbidden Far EasTone (FET) 46601 O
02 Forbidden Pacific GSM 1800 (TCC) 46697 (O
03 o)
04 &
0% o)
06 @
& o)

Submit ‘ [ Reset J
2. Work Mode:

a.Every time reset module:
Fill the assigned Operator ID, then press Submit bottom and save
change. After reboot, GSM module will research the operator ID and
registered the base station.

b.Manual:
Fill the assigned Operator ID, then press Now bottom. GSM module
will search that Operator ID and registered after reboot.
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11.10 Cell Info

It shows BTS (BCCH) cells of the cellular network and register to new
BCCH selection. Support Quad band-BG2W, Quad band-M10 and

firmware V10.185 above only.

Please work with this feature when the mobile status is “Stand by/Active”.
It detects the surrounding active cell, up to 7 cells and shows Cell ID,
signal and best signal (RXlev). The No.0 shows the data of current
registered cell. Follow by No.1 to No.6 cell is based on cell signal (best to

low).

BCCH

A LAC
Dial Peer (0] 46601 0871
Route 1 46601 i1

546F

20

RxLev
629 -6

(1] 546E 20 561 76
e 46601 0871 0000 21 640 81
gteat:r:]zs (3] 46601 0871  55C9 23 513 86
Fwd Settings (4] 46601 0853  T0AE 61 532 89
SMS Agent (5] 46601 0853 T0AD 61 626 -92
SIM Setting
O SJetting 46601 0871 5278 46 649 92
b0 T
Network
0 S L Jiac_____fcellD ___[BCCH |
STUN Setting [ Preferred this Cell loooo | [oooo |
Update

System Authority

MCC : Mobile Country Code

LAC : Location Area Code

Cell: Cell Identifier

BSIC: Base Station Identity Code
BCCH: Broadcast Control Channel
RxLev: Received Signal level in dbm
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How to Configure

1. You can choose a BCCH channel by clicking on the cell. The module will
automatically register in the new BCCH.

E.g. If you would like to register BCCH channel on No.4 cell, please click no4 select
like below.

Cell Info

[ Mobile 1 » |

selectfmcC ___JLAC___|Cell __[BSIC___[BCCH __|Rxlev |
7

[0] 46601 0871 5AGF 20 629 76

46601 0871 oooo 20 661 -78
46601 0871 5470 21 640 -79

X 46601 0871 0000 23 513 84
46601 0853 70AD 61 626 B

46601 0853  T70AE 61 532 90
(6] 46601 0871 5278 46 649 92

Refresh
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2. System will show the cell number information once you select on Preferred this
Cell form. Please click the submit button and Save Change on left to restart the
module.

selectlMCC____JLAC __[Cell ___|BSIC___|BCCH __[Rxlev
T

[0] 46601 0871 546F 20 629 76
46601 0871 0000 20 661 78
46601 0871 5470 21 640 79
46601 0871 0000 23 513 84
0853 70AD 61 626 89
46601 0853 T0AE 61 532 90
(6] 46601 0871 5278 46 649 92

Submit ] [ Reset ]
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After system restart and turn to Standby, please check on No.0 cell and confirm the
current registered cell you selected. At the point, the GSM module won’t provide the
data of surrounding cell signal, but shows -110dbm on No.1 to No.6 RxLev, which
means GSM signal 0.

Cell __[BSIC___|
ﬂ 46601 0853 T0AD 61 626 -0
46601 0a71 b4EF 20 629 -110
46601 0571 B46E 20 561 -110
46601 0&71 0ooo 23 h13 -110
46601 0853 oooo 61 532 -110
46601 0853 0ooo 23 656 =110
@ 46601 0a71 0ooo 27 667 -110
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3. If you would like to research all the surrounding BCCH cells again, please cancel
Preferred this Cell selection first and send Submit, Save Change to restart the
gateway. That, System can detect the surrounding active cell, up to 6 cells and
display Cell ID, signal and best signal (RXlev).

select|MCC____[LAC __[Cell __|BSIC___|BCCH

ExlLev

@ 46601 0871 B4EBE 20 GB1
46601 0871 BAGF 20 629
46601 0871 5470 2 640
46601 0871 oooo 23 513
46601 0853 T0AE 61 h3Z
46601 0853 T0AD 61 626
E] 46601 0871 5278 46 649
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11.11 USSD (Unstructured Supplementary Service Data)

You can check USSD screen for SIM balance remaining and SIM recharge (add
value) automatically. Please work with this feature when the mobile status is “Stand
by/Active”. And ensure your Service provider has given you a USSD
string(Command) for checking SIM Balance and Recharge the SIM Card.

Route
. Rx Decoder: | none v
Maobile
Status
Settings Crd 1| *123*11% ]
Fwd Agent - : .
SMS Agent

SIM Setting / Recharge
or Setting AT s |

C1F1BBOCATITCI

Network

SIP Settings Checking

STUN Settings Cmd 3: Et+{E.LISdl:1."*145*11#"_1.5
Update i

System Authority S ] I RacaE ]

Save Chance

1. Balance (SIM balance remaining)

Stepl: Enter Balance checking USSD command in column
Step 2: Click Send button

When selected, system will check the balance of SIM and display the reply of receive
message as below

step

—step] | (Csend ] )
Y ted™.C :
%ﬁcﬁw% message
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2. Recharge (add value)

Stepl: Enter the Recharging USSD command in column
Step 2: Click Send button

When selected, system will display the reply of receive message as below

Recharoe

Cmd 2: | *14521% ) step | ‘
2."Accepted™0 rareive message

3. Checking (If above ways are failed, please select this)

Step 1: Enter the complete AT command in Cm3 column
Ex. AT+CUSD=1,*145*11#,15
Step 2: Click Send button

When selected, system will display the reply of receive message as below

Checking
Cmd 3: | at+cusd=1."145"11#.15 ™ cren]

2 "Accepted” 0

TECEIVE Messagfe
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4. Rx Decoder

Route :
- Rx Decoder: none |%

Mobile i

Status

Fwd Agent —

SMS Agent

SIM Setting

Operator Setting T
| 45 11# Send
UsSsSD Cmd 2: il
C1F1B8OCATITCY
Network
SIP Settings Checking
STUN Settings Cmd 3: | at+cusd=1,"146"11#"15
Update =
System Authority Submit ] ’ Roset I

Save Channe

a. None: GSM Format (Default)
b. ASC7: ASCII 7bit
c.UCS2: Unicode 16bit

When user select default GSM Format(None), it may not receive correct GSM code
due to the different operator or GSM module/chipset. Please check below example,

Rx Decoder: W*’

Balance

Cmd 1: | *123"11# Send

Recharge
Send

Cmd 2- | "1457112 e ]
CAF1B80CATI7CY

Checking
Cmd 3- | at+cusd=1,"*145*11#" 15 @
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In this case, user need to select other RX Decoder (ASCII or UCS2) to receive
correct message.

For Example,

None format: When user send command, “*145*11#”, the return message show on
system, “C1F1B80CA797C9”

R Decu:u

C1F1BB0CATITCH

ASC7 Format: In this format, the return message is “Accepted”

R Decud

Balance
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12. Network

In Network you can check the Network status, configure the WLAN
Settings, LAN Setting and SNTP settings.

12.1 Network Status: You can check the current Network setting in this
page.

!:P EIEE'J Network Status

Route
MU [ WANInteface [ LANInterface |
Mobile Type Fixed IP Client Fixed IP Client
P 192.168.0.153 192 168 33 254
Network Wask 255 255 255 0 255 255 2550

St Gateway 192.168.0.254 192.168.0.254
VAN Sefings MAC 00037E006864 00037E006865
LAMN Setlings
SNTP Settings
S5IP Settings
STUN Setting
Update

System Autharity
Save Change
Reboot
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12.2 WAN Settings

PORTech WAN Settings

Your CTI Partner

fou could configure the WWAN settings in this page.

Route
Metwark Mode: O Bridge & MAT
Mobile
Network WAN Setting
= IP Type @ Fixed IP O DHCP Client O PPPaE
atus —
WAN Settings | IP 192.168.0.12_2
LAN Zetlings Mask 126525562560
SNTP Settings —
d Gateway 192 1658.0.254
SIP Settings -
g DMNE Serverl 163.95.192 .1
T Fratwolmne DNS Server? 168.95.1 1
Update :
B hAC 00037 e009999
Systern Authority
Save Change PPPoE Setting
Feboot User Name
Password _

(1) The TCP/IP Configuration item is to setup the WAN port’s network
environment. You may refer to your current network environment to
configure the system properly.

(2) The PPPoE Configuration item is to setup the PPPoE Username and
Password. If you have the PPPoE account from your Service
Provider, please input the Username and the Password correctly.

(3) The Bridge Item is to setup the system Bridge mode Enable/Disable.
If you set the Bridge On, then the two Fast Ethernet ports will be
transparent.

(4) When you finished the setting, please click the Submit button.
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12.3 LAN Settings

PORTech L AN Settings

Your CTI Partner

Reute LAN Setting
IP: 192.168.0.102
Mobile 3
Mask: 2552052550
Network
i MAC: 00037 6008858
Status
WWAN Settings DHCP Server
L’f‘ﬁfemﬂgs | DHCP Server; Con @Ooff
ST IELLTIL
Start IF: 160
SIP Settings
End IP: |200
NAT Transform i - 1 7
ease Time: i dd:hh
Update ( )
Systemn Authority
Rehoot

(1) The TCP/IP Configuration item is to setup the WAN port’s network
environment. You may refer to your current network environment to

configure the system properly.
(2)DHCP Server: You may refer to your current network environment to
configure the system properly
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12.4 SNTP Settings:

SNTP Setting function: you can setup the primary and second SNTP
Server IP Address, to get the date/time information. Also you can base
on your location to set the Time Zone, and how long need to synchronize
again. When you finished the setting, please click the Submit button.

PORTech NP Settings

Your CTl Partner
fou could set the SMTF senvers in this page.
Route
Mobile SNTP: ®0On OOf

Primary Sernver; time windows. cam
Status
WWAN Settings Secondary Server: |208.184.49.9
LA Settings

SNTP Settings Titvie Fone: GMT |- [%]|08 ¥ oo VE(hh:mmj

SIP Settings Syne. Time: 1 Lo o | dhbemm)
NAT Transform
Update

System Authority
Save Change
FHeboot

[ Submit ] [F{eset ]
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13. SIP Setting

In SIP Setting you can setup the Service Domain, Port Settings, Codec
Settings,RTP setting,RPort Setting and Other Settings. If the VoIP
service is provided by ISP,you need to setup the related informations
correctly then you can register to SIP Proxy Server correctly.

13.1 In Service Domain Function you need to input the account and the
related informations in this page, please refer to your ISP Provider.
You can register three SIP accounts. You can dial the VolP phone
to your friends via first enable SIP account and receive the phone
from the tree SIP account.

PORTech

Your CTI Partner Service Domain Settings

Route Maohile 1 »
Mghile Realm 1 (Default)
Network Active: @ oN O OFF
SIP Settings Display Mame: 3001
- - User Mame: 3001
Service Domain | B
Port-Setting Register Marme: 3001
Conet SEttlng_s Register Password: sene
Codec 1D Setting :
OTMF Setting Domain Server:
B S Proxy Semer 51.218.151.230
S|P Responses -
Other Settings Cutbound Proxy:
NAT Transform Status: Mot Registered

First you need to click Active to enable the Service Domain, then you can

input the following items.

(1)No.,: choose Mobile 1 or Mobile 2

(2) Display name: you can input the name you want to display.

(3) User name: you need to input the User Name get from your ISP.

(4) Register Name: you need to input the Register Name get from your
ISP.
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(5) Register Password: you need to input the Register Password get
from ISP.

(6) Domain Server:you need to input the Domain Server get from your
ISP.

(7) Proxy Server:you need to input the Proxy Server get from your ISP.

(8) Outbound Proxy: you need to input the Outbound Proxy get from your
ISP. If your ISP does not provide the information,then you can skip
this item.

(9) You can see the Register Status in the Status item.

(10) When you finished the setting,please click the Submit button.

Remember to click “Save Charge”

Example:

Register VoipBuster

Realm 1 [Default)

Active: & 0n O Of '
Display Mame: |jenn3.rEIE|22

User Name: lienny0922  Your Voipbuster username
Register Mame: |jenn3.rEI922

Register Passward: [ Y our Voipbuster password

Comain Server: |

Praxy Server. [194.221.62.207 Proxy Server’s|P or domain name

Cutbound Proxy: |

Status: Fegistered
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13.2 Port Setting
You can setup the SIP and RTP port number in this page. Each ISP

provider will have different SIP/RTPport setting, please refer to the ISP
to setup the port number correctly. When you finished the setting, please
click the Submit button.

PORTech

Your CTI Partner

Ports Setting

Route
Mobile
Network

SIP Settings

Service Domain
P tings

Codec Sefings
Codec ID Setting
DTMF Setting
RPort Setting
SIP Responses
Other Settings
STUN Setting
Update

System Authority
Save Change
Reboat

Port of Mobile 1

SIP Port |5060 | (1024~65533)

RTP Port: (20000 | ~[20000 | (1024~65533)

SIP Port: (5062 | (1024~65533)

RTP Port: (20002 |~ [20002 | (1024~65533)
Submit ] l Reset l
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13.3 Codec Settings:

You can setup the Codec priority, RTP packet length in this page. You
need to follow the ISP suggestion to setup these items. When you
finished the setting, please click the Submit button.

PORTech

Your CTI Partner

Codec Settings

Route
Codec Priority
Mobile Codec Priority 1: G w-law v
Network Codec Priority 2 G711 a-law »
SIP Settings Codec Priority 3 ”G.F"ES. b
, - Codec Priority 4 G729 b

Service Diamain !
Port Settinos Codec Priority |G726-16 &
Codec Settings Codec Priority B: G7E-24 ~
Codec ID Setting R
DTMF Setting Codec Priority 7 ”G.F"EE.- 32. hd
FFort Setting Codec Priority 8: G72E-40 =
SIP Eesponses
Cther Settings RTP Packet Length
NAT Transform G711 & G725 |20 ms [+
Update G723 Al ms
Systern Authority
Save Change G.723 53K

G.7235.3K O 0n @® Of
Feboot

Voice VAD
Woice WAD: C On @ Of
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13.4 Codec ID Setting
You can setup the Codec ID in this page.

PORTech . 4. D Setting

Your CTl Partner

You could set the value of Codec 1D in this page,

Route

Mobile Codec Type b |DefaultValue
Network G726-16 1D B e 7
G726-24 ID: 2 | 2

SIP Settings : :
G726-32 ID; 2 (35~255) 2

Service Domain : _
Port Settings G726-40 [D: 21 |(@E2) 21

Codec Seftings RFC 2833 1D o
. : - 5255 101
Codec ID Setting | : Pr2a)

DTME Setting
FPart Setting [ Submit l [Reset ]
SIP Responses

(ther Settings

NAT Transform
Update

System Authority
save Change
Feboaot

-56-



13.5 DTMF Setting

PORTech  DTMF Setting

Route
Mobile Format ® 2833 © Inband O SIP Info
Network
SIP Settings Duration o (0 ~ 999, -1: unlimit, unit: 15) .

Debounce _B_U | (40 ~ 500, default: 80 , unit: 10ms).

Service Domain
Part Settings
Codec Settings Submit | | Reset |

Codec 0 Setfing
OTiE Satiing |

RFoM Seting
SIP Responses
Other Settings

STUN Setting
Update

System Authority
Save Change

Reboot

1. Format:
a. 2833: Default RFC2833, the type of DTMF Data Transfer Format
b. Inband: The Type of Inband DMTF Data Transfer Format
c. SIP Info: The Type of SIP-Info DMTF Data Transfer Format;

2. Duration: Default is -1. It's the duration for MV-374/MV-378 to defect
sender’'s DTMF. If the parameter is 0, MV-374/MV-378 won't detect
sender’'s DTMF. Parameter is 0~999 seconds. After that duration,
MV-374/MV-378 won't detect DTMF.

3. Debounce: Default is 80ms.User can adjust for own. If DTMF is

adding more digits, please increase parameter over 80. If DMTF is
lost digit, please decrease parameter less than 80.
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13.6 RPort Function:

You can setup the RPort Enable/Disable in this page. To change this
setting, please follow your ISP information. When you finished the
setting, please click the Submit button.

PORTech RPort Setting

Your CTI Partner

Route
RFPort of Mobile 1: & 0o O Of
Mohile FPort of Mobile 2: & on O Of
MNetwork
[ Subrnit ] [Reset ]
SIP Settings

Service Domain
Fort Settings
Coder Settings
Codec ID Setting
OTMF Setting
FPart Setting
SIF Hesponses
Other Settings

MAT Transform
Update

Systemn Autharity
Save Change
Feboot

-58-



13.7 SIP Responses

!:P EIEFE SIP Responses Setting

Route Response on port busy.
& 486 Busy here
Mobile 2 L4 :
) 803 Semice unavailable
Network
SIP Setti SIP Responses
ettings = - S 5
_ {O0OM @ OFF 180 Ringing { Force to OM, if 183 was OFF. )
Service Domain 0N OOFF 183 Session Progress
Port Settings
Lnder crmas

Codec ID Setting
DTMF Setting

PR L o P T
T Ot OeTing

©@oN OOFF 19216801555050 :(Dial Peer for XP )

bther Settin

gs @®Yes (ONo  Send Call Events to Data ¥
STUN Setting Data ID Mv153
Update Data Server  |192.168.0.166:6020 | (URLPort)

System Authority
Save Change
Reboot

Dial Peer Configuration Table correspondingIP\
(please read next page)

*** |f you have dial peer server, Sip
server/Asterisk set GSM route,please set Dial

@ server’s |P** /
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13.7.1 486(busy here), 503(Service unavailable):
When Device is busy, you can select 486 or 505 to response to SIP.

13.7.2 180 Ring on/off:

LAN TO MOBILE two stage dialing can be turn off, therefore there will be
no the Ring Back Tone, all the phone call will be transferred to prompt
voice directly. (For this function, 183 must be turn on)

13.7.3 183(Session Progress)

[It means "on progressing"]: When you turn 183 on, it means you can
hear the prompt voice while GSM side is busy We recommend you to
turn this on if you use SIP Proxy.

13.7.4 Dial Peer

LAN to mobile: Dial peer software will look for available channel to dial out. E.g When
the first port is busy, MV-378 will use the second port to dail out...and so forth.

13.7.5 Call data to server

MV can provide Call Detail Record (CDR) for traffic and accounting management.
User need to download external Dial Peer software on PC and can monitor traffic.

Data ID: MV will create one default Data ID

Data Server: Please fill the PC’s IP, which is executed External Dial Peer Software

-60-



Edit DialPeer.ini
[Window]
Xpos=512

Ypos=252
Width=471
Height=399

Total ip/ port ]

[Info]
Total=16
[VoipIP]
1=192.168.0.100 —
2=192.168.0.100
3=192.168.0.100
4=192.168.0.100
5=192.168.0.100
6=192.168.0.100
7=192.168.0.100
8=192.168.0.100 —
9=192.168.0.110 —
10=192.168.0.110
11=192.168.0.110
12=192.168.0.110
13=192.168.0.110
14=192.168.0.110
15=192.168.0.110

Thefirst
> MV-378

16=192.168.0.110—
[SipPort]

1=5060 —
2=5062
3=5064
4=5066
5=5068
6=5070
7=5072
8=5074 —
9=5060
10=5062
11=5064
12=5066
13=5068

The second
MV-378

Thefirst
> MV-378

The second

MV-378
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14=5070
15=5072 }
16=5074

[RtpPort]
1=60000
2=60002
3=60004
4=60006

5-60008

6=60010
7=60012
8=60014 _/
9=60000
10=60002
11=60004

J

12=60006
S

13=60008
14=60010
15=60012
16=60014
[PtcPort]
1=40000 ~
2=40000
3=40008

4=40008
-

5=40016

6=40016

7=40024

8=40024 -/
9=40000 ™
10=40000
11=40008
12=40008
13=40016
14=40016
15=40024

16=40024 —/

The second
MV-378

Thefirst
MV-378

The second
MV-378

Thefirst
MV-378

The second
MV-378




Bl Dial Peer - (Oct 29 2008, 14:54-07)

File Help
Log | stetus | 5ot |
| DeteTime | Evert

08M02915:11:08  Start SIP Server (192.165.0.3:5060)
05A029 15:11:08  Start STUM =erver (port 3475, 3479)
031029151314 CH-11 idle

030529 15:16:02 192.165.0.191::5060 -= CH-11
03029 15:16:533  CH-11 idle

03023172343 CH-11 idle

03029 174722 192.1658.0.82:13583 -= CH-11

&M 0623 17:47:51 CH-11 idle

081029 174755 192165.0892:13595 -= CH-11
0sA0E29 1745817 CH-11 iddle

030529 17:48:23 192165.0.892:135958 -= CH-11
03023 17:48:43  CH-11 idle

£ >

1051104 15:06:45 ;
-_—
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Status

Ml Dial Peer - (Oct 20 2008, 14:54-07)

File Help
Log Status ISEt ]
°H bt 1P | port | state | remote |
1 192 165.0.100 5050 e EE
2 182 165.0.100 5062 BET )
a 192 1650100 5064 ST The first MV-378
4 192 165.0.100 S0 o o , - -
n’t register dial
5 192 1650100 5065 e s doesn'tregister dia
& 192 1650100 5070 T e peer software
7 192 1650100 5072 S B -
g 192 165.0.100 5074 e e
a 19246580110 5080 QFFM -r-
10 19216580110 5082 IDLEMD -r-} The 2,3ch of
11 192 168.0110 5064 IDLEM  -p- Second MV-378
12 192 1650110 S0BE  OFFM  -r- il
13 1921630110  S068  OFF@ - ale
14 192 1680110 5070 OFFMD -1
15 1921650110 5072 OFFM o1
16 19216580110 5074 QFFM -

1
The 1,4-8ch of
Second MV-378
turn off

0341104 15:07:14
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13.8 Other Settings

Other Settings: you can setup the Hold by RFC and QoS in this page. To
change these settings. please following your ISP information. When you
finished the setting, please click the Submit button. The QoS setting is to
set the voice packets’ priority. If you set the value higher than 0, then the
voice packets will get the higher priority to the Internet. But the QoS
function still need to cooperate with the others Internet devices.

PORTech Other Settings

Your CTI Partner

Hald by RFC of Mobile 1 O 0on ® Of
Hald by RFC of Mobile 2 O 0on ® Of

Route
Mohile
MNetwork “oice QnS: 40 (0~63)

SIP Settings SIF Qos: 40| (0~63)

Service Damain SIP Expire Time: | 300 (B0~86400 sec)

Fort Settings

Codec Settings [ Submit | [ Reset |
Codec |D Setting

OTMF Setting

FFort Setting

SIP Hesponses

Other Settings |

MAT Transform
Update

Systermn Authority
Save Change
FHehoot
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14. NAT Trans

In NAT Trans. you can setup STUN and uPnP function. These functions
can help your VolP device working properly behind NAT.

14.1 STUN Setting: you can setup the STUN Enable/Disable and STUN
Server IP address in this page. This function can help your VolP
device working properly behind NAT. To change these settings
please following your ISP information. When you finished the
setting, please click the Submit button.

PORTech STUN Setting

Your CTI Partner

STUM of Mobile 1 O on @® Of
STUN of Mobile 2 O on & Of

Route
Maobile

Metwork STUN Server _
SIP Settings aTUN Port (1024~65535)

MAT Transform
STUM Setting
Update

System Authority
Save Change
Hehoot

[ Submit ] [Reset ]
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15. Update

In Update you can update the system’s firmware to the new one or
execute the factory reset to let the system back to default setting.

15.1 Update firmware

PORTech -
Your Tl Pariner Update Firmware
Ver =v10.115 . GZ = v, PCB = 2N149A _
Route
_ HTTP

i Code Type: RISC v
Network File Location:
SIP Settings

[ Submit l ’Reset ]

STUN Setting

Update

New Firmware

Default Settings
System Authority
Save Change
Reboot

(1) Select the firmware code type, Risc code only.

(3)Click the “Browse” button in the right side of the File Location or you
can type the correct path and the filename in File Location blank.
(4)Select the correct file you want to download to the system then click

the Update button.
(5) Please click update/default setting after update firmware

NOTE: Please open the webpage from Internet Explorer, not compatible with FF or
Google Chrome
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15.2 Restore Default Settings

In this page: Update/ Default Settings, you could restore the factory
default settings to the system. All setting will restore default setting.
IP_will retain original IP as usual not default IP.

PORTech Restore Default Settings

Your CTI Partner
fou could click the restore button to restore the factory settings.

Route

Mobile .
Restore default settings:

Metwork

SIP Settings

MAT Transform
Update

e Firmmeeare
| Default Settings |

Systermn Authority
Save Change
Fehoot
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16. System Auth.

In System Authority you can change your login name and password.

PORTech

Your CTI Partner

Route
Mohile
Metwork

SIP Settings

NAT Transform
Update

Systemn Authority

Save Change
Feboot

System Authority

ou could change the login usernamedpassword in this page.

Mew username;
Mew password:

Confirmed password:

’ Submit ] [Reset l
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17. Save Change

In Save Change you can save the changes you have done. If you want to
use new setting in the VoIP system, you have to click the Save button.
After you click the Save button, the system will automatically restart and
the new setting will effect.

PORTech Save Changes

Your CTI Partner
You have to save changes to effect thermn.

Route

Mohile Save Changes:

Metwork

SIP Settings

MNAT Transform
Update

Mew Firmmeare
Default Settings

Systermn Authority
Save Change |
Feboot
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18. Reboot
Reboot function you can restart the system. If you want to restart the

system, you can just click the Reboot button, then the system will
automatically.

PORTech Reboot System

Your CTI Partner

You could press the reboot button to restart the system.

Route

Mobile Reboot system:

MNetwork

SIP Settings
MAT Transform
Update

Systermn Authority
Save Change
Heboot
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19. IP Setting

The operator can setup or query the network parameters by dialing in the

mobile number which it SIM card has been put in the main body. The

status or result is response by voice. In the first 20 seconds after

power-on, the VolP GSM Gateway enters the IP setting mode. The

operator may dial in the mobile number during this period to set or query

the network parameters.

ltem

IVR Action

IVR Menu Choice

Notes

1

Reboot

#195#

After you hear “Option
Successful,” hang-up. Unit will
reboot automatically.

Factory Reset

#198#

All setting (include IP) both
restore to default setting.
WARNING: ALL
User-Changeable”
NONDEFAULT SETTINGS
WILL BE LOST! This will
include network and service
provider data.

Check IP Address

#120#

IVR will announce the current
IP

address :
192.168.0.100

Default

Check IP Type

#121#

IVR will announce if DHCP in
enabled or disabled.
default : OFF

Check Network
Mask

#123#

IVR will announce the current
network mask.Default :
255.255.255.0

Check Gateway
IP
Address

#1244

IVR will announce the current
gateway IP address,
Default : 192.168.0.254
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7 | Check Primary #125# IVR will announce the current
DNS Server setting in the Primary DNS
field.
Default : 192.168.0.1
8 |Check Firmware |#128# IVR will announce the version
Version of the firmware running
9 |Set as DHCP|#111# The system will change to
client DHCP
Client type
10 |Set Static IP #112xxx*xxx*xxx |IDHCP will be disabled and
Address *NXXH system will change to the
Static IP type.
Enter IP address using
numbers on the telephone key
pad. Use the * (star) key when
entering a decimal point.
11 |Set Network Mask | #113xxx*xxx*xxx |Must set Static IP first.

FXXXH Enter value using numbers on
the telephone key pad. Use
the * (star) key when entering
a decimal point.

12 |Set Gateway IP  |#114xxx*xxx*xxx |Must set Static IP first.
Address FXXXH Enter IP address using
numbers on the telephone key
pad. Use the * (star) key
when entering a decimal
point.
13 |[Set Primary DNS |#115xxx*xxx*xxx |Must set Static IP first.
Server FXXXH Enter IP address using

numbers on the telephone key
pad. Use the * (star) key
when entering a decimal
point.
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20. Specification

20.1 Protocols
SIP (RFC2543,RFC3261)

20.2 TCP/IP
IP/TCP/UDP/RTP/RTCP/
CMP/ARP/RARP/SNTP
DHCP/DNS Client
IEEE802.1P/Q
ToS/DiffServ
NAT Traversal
STUN
uPnP
IP Assignment
Static IP
DHCP
PPPoE

20.3 Codec
G.711 u-Law
G.711 a-Law
G.723.1 (5.3k)
G.723.1 (6.3Kk)
G.729A
G.729A/B

20.4 Voice Quality
VAD
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CNG
AEC, LEC
Packet loss
20.5 GSM (MV-370/MV-372)
Quad Band:900/1800/1900/850MHZ
3G/UMTS: for al world and Japan (SoftBank Mobile,Docomo)
3G:EDGE/GPRS 850, 900, 1800, 1900 MHz / HSDPA/UMTS 850, 1900,
2100 MHz
CDMA 2000(800MHZ/1900MHZ)

**Please note**
Most CDMA operators don't offer Polarity reversing . So VolIP to
Mobile, MV-370 will connect soon. CDMA operators will start billing

soon. It doesn’t wait mobile side answer.

CDMA Version doesn't support SMS Feature and 180/183
unavailable
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21. Simple Steps

Step 1. Change the Network setting as you need (Network/network setting)

Step 2. Register SIP proxy Server or Asterisk or VoipBuster as you need
(sip setting/service domain)

Step 3. Set Mobile setting —adjust your gain as you need

Step 4. Set Route ( request )

mobile to LAN:
(1) *,* --->it is two stage dialing.

when mobile call in,MV-370/MV-372 will provide dial tone and you can
enter ip or asterisk extension or phone number.

* [If you want to enter phone number,please note your asterisk need to
have route of destination number.

(2) *, specific extension or IP or phone number

when mobile call in,MV-370/MV-372 will connect with this specific
extension or IP or phone number auto

* [If you want to set specific phone number,please note your asterisk
need to have route of destination number.

LAN to Mobile:

(1) *,* --->it is two stage dialing.
when LAN phone call in,MV-370/MV-372 will provide dial tone and
you can enter mobile number.

(2) *, specific mobile number

when LAN phone call in,MV-370/MV-372 will connect with the specific
mobile number auto.

(3) *,#--->It is 1 stage dialing

When LAN phone and MV-370/MV-372 both register Asterisk,
you can dial any destination number from LAN phone directly.

* Please note:Asterisk need to set route of destination number that
dial out from MV-370/MV-372

* All changes both need to click "save and change"
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22. Appendix: Setup MV-370/MV-372 with Asterisk

MV -370/372 Settmgs

PORTech

Your CTI Partner

Route
Mobile

Status
Fwwd Settings
SMS Agent

Network

SIP Settings
STUN Setting
Update

System Authority
Sawve Change
Feboot

Mobile Voip

Route
Mobile
Network

SIP Settings

Fort Settings
Codec Settings
Codec |1D Setting
OTMF Setting
RFort Setting
SIP Hesponses
Cther Settings

STUN Setting

Mobile Setting

Mobile 1,2 ¥ |

YalP Tx Gain: f= {0~12) WolP Ry Gain: 11 | (0~15)

i o o | O e Asterisk want to transfer

CLID,please choose Tel/Tel

Mobile 1 © ON @ OFF (NOt Reg)

Routing Range EI Ito FEl '(Uu.qg)
CODEC T Gain: |

_ ODEC Rx Gain. B | (0~7)
SIP From: :TeI!.Te.I.(N"D{ -Re_g:)_- nzwer Delay D (0~14)

CLID Presentation (3 Suppression @ Invocatian

tobile PIN Code: On [0 Code: Confirmed:
LAN Answer Mode & Answered (O Aleted O Income

Service Domain Settings

Mobile 1 ¥ Can register Asterisk or not

Realm * {Default)

Aefive: @ oN O OFF
Display Marme:

ser Marme:
Register Name:
Register Passwaord:
Domain Server: 5_192.158.0.192:5050

1192.165.0.192:5060

Status: Mot Registered
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PORTech

Your CTI Partner

Route

Mobile To Lan Settings
Mobile To Lan Speed Dial
Lan To Mohile Settings
Dial Peer Status

Mabile
Metwork

SIP Settings
STUN Setting
Update

Systern Authority
Save Change
Fehoat

PORTech

Your CTI Partner

Route

Mohile To Lan Settings
Mohile To Lan Speed Dial
Lan To Mohile Settings
Dial Peer Status

Mobile

MNetwork

SIP Settings
STUN Setting
Update

Systerm Authority
Save Change
Reboot

Mobile To LAN Table

Mokile 1,2 v
Page: |1 V

0
1

2
3
4
=)
B
&
8
9

Set your Asterisk IP,extension or * ’

. URL
192.168.0.152

LLAN To Mobile Table

'Mobile 1,2 v |

Page: |1 ¥

| [ o N o S o |- S |
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Port Settings:

PORTech Ports Setting

Your CTI Partner

Route

Mohile SIP Port:
MNetwork ETF Fort:
SIP Settings

Service Domain SIP Port:
Fart Settings
Codec Selngs
Codec 1D Setting
CTMF Setting
FFort Setting
SIF Responses

Cther Settings
NAT Transform
Update

Systemn Authority
Save Change
Fehboot

Mobilel > Sip port: 5060
Mobile2 > Sip port: 5062 —>Important!!!

Don't forget to Save changes and then reboot
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Port of Mohile i
| (1024~B5535)

5060
BO000 | (1024~B5535)

Port of Mohile 2
5052 | (1024~B5535)
B0100 | (1024~B55

[ Submit ] [R‘eset ]




Asterisk / Trixbox setting

Add SIP Trunk:

MV-372 must create 2 trunk.
First trunk: MV-372 ip:5060
Second Trunk:MV-372 ip:5062

Edit SIP Trunk

Delete Trunk Sk 1

Inuse by 1 route

General Settings

Cuthound Caller 1D

Mevaer Owverride CallerlD: T

Maximum channels:
Outgoing Dial Rules

Dial Fules:

Dial rules wizards:
Cuthound Dial FPrefix

Type your mobile
number

| Clean & Remowve duplicates

i[pick anej
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Type atrunk

Outgoing Settings

Trunk Mame:
FEER Details:

host=192.1658.0.111
port=5060
Lype=peer

@

name

—

-80-

Type MV-37X’sip and port

ue channel 2 is 5062 port




Set GSM Route that dia out viaMV-37X

After change, please press “Sumbit
changes” and “apply configuration
changes”

f-aaP EY 2.2 0rc? cn 192 162.0.492 | Setup| TDOlQl Qsport9| Panal| Fecordings |
| angiiane: :_En_g_lish ¥ [ 3etia
AdrrinisTrETes ~OHTE

Add Rodte
Sxtensions o

Seneral Setings

Delete Raute S

JoLte Mame: Skl Rencm:

LI ZoLte Pasoword |

=mergency Dialing: T

HEGUDELREHTES ntra Company Route: T

The prefix of route :

2 a Patterns OOX XXX XXXX
0IXELXHIL =
Clean & Femore dupll:ahes - |
nsert: Fiu+ pre-uefined psllems ¥ :
Choose SIP Trunk
Trunk ZeqLeice

R P

-
At
Submit Chznges

Frequency: Quad Band:900/1800/1900/850MHZ
GSM Module use Simcom sim340

Compliant to GSM phase 2/2+

-Class 4 (2W@850/900 MHz)

-Class 1 (IW@1800/1900 MHz)
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15.21

Federal Communications Commission (FCC) Statement

You are cautioned that changes or modifications not expressly approved by the part
responsible for compliance could void the user’s authority to operate the equipment.

15.105(b)

Federal Communications Commission (FCC) Statement

This equipment has been tested and found to comply with the limits for a Class B digita
device, pursuant to part 15 of the FCC rules. These limits are designed to provide reasonable
protection against harmful interferencein aresidential installation. This equipment generates,
uses and can radiate radio frequency energy and, if not installed and used in accordance with
the instructions, may cause harmful interference to radio communications. However, thereis
no guaranteethat interference will not occur in aparticular installation. If this equipment does
cause harmful interference to radio or television reception, which can be determined by
turning the equipment off and on, the user is encouraged to try to correct the interference by
one or more of the following measures:

-Reorient or relocate the receiving antenna.

-Increase the separation between the equipment and receiver.

-Connect the equipment into an outlet on acircuit different from that to which the receiver is
connected.

-Consult the dealer or an experienced radio/TV technician for help.

Operation is subject to the following two conditions:

1) this device may not cause interference and

2) this device must accept any interference, including interference that may cause undesired
operation of the device.
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FCC RF Radiation Exposure Statement:

1. This Transmitter must not be co-located or operating in conjunction with any other
antennaor transmitter.

2. Thisequipment complies with FCC RF radiation exposure limits set forth for an
uncontrolled environment. This equipment should be installed and operated with a
minimum distance of 20 centimeters between the radiator and your body.
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