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1.Examples of MTG200 application scenarios.

Usually, MTG is used in the middle of IPPBX and PSTN, or PBX and IMS. Target for conver the
E1/T1 to SIP and vice versa. For help end customer to easy configuration, we make are simple
scenario with PRI and SS7 as following network.

The customer just upload the simple and modify some differnet paramter.



) s Network

A

PRI/SS7

172.19.211.110 172.19.211.134

2. Scenario of PRI

Dinstar make are simple scenario for PRI network. If you are connected to the PSTN side via PRI, you
can restore the databasse and very less change.

If the parameters are different from those of the operator, modify them to the values provided by the
PSTN side. If the configuration is the same as that of the PSTN, no modification is required.

2.1 Download Simple Database

Open the following link, to download the simple database file for PRI.

http://fs.dinstar.com:8888/Firmware/MTG200/ExampleDB/db%20for%2002.06.21.06%20with%20PR
Lldf

PS: this file for MTG200 with version 02.06.21.06 T7 or above.



http://fs.dinstar.com:8888/Firmware/MTG200/ExampleDB/db%20for%2002.06.21.06%20with%20PRI.ldf
http://fs.dinstar.com:8888/Firmware/MTG200/ExampleDB/db%20for%2002.06.21.06%20with%20PRI.ldf

General
CPUID
CPU Temperature
Userboard CPU Temperature
GE1 MAC-Work Mode
GEO MAC-Work Mode
Service Ethernet Interface(GE1)

Management Ethernet Interface(GED)

DNS Server

Device ID

Cloud Server Register Status
System Time

System Uptime

License

GE1 Network Speed{Kbit's)
GED Network Speed(Kbit's)

Version
Device Model
Hardware Version
Boot Version
Software Version
Time Built

E4-69-A0-10-4B-0F-3F-36

47°C Usage(60s)
43°C

F8-AD-3D-40-BC-C2
F8-AD-3D-40-BC-C3

17228 50.39 255255 0.0
182 1658.11.1 255 255 255 0
114.114.114.114 0.0.0.0
dc50-0831-6023-0041

Mot Registered

2025-4-11 15:14:21

Tmd0s

Remaining Time 73 Days
Received 763

Received 0
MTG200-4E1 Work Mode

System Information

7%

1000M/Full-duplex

down

1722811

0000

357 Share Master TG

Sent i}

Sent 0
Standard Mode

FCE 22.01, BackBoardID 1, LogiclD 1, FlashlD 2c
15 Kemel Version 41

02.06.21.06 T7
2024-12-03 , 16:28:51

Web Version

02.06.21.06 T7

If using NI-2, you need using follow database file.

http://fs.dinstar.com:8888/Firmware/MTG200/ExampleDB/db%20for%2002.06.21.07%20with%20N|
-2.1df

PS: this file for MTG200 with version 02.06.21.07 T2 or above.

System Information

General
CPUID E4-60-BEC-AB-E3-24-2E-30
CPU Temperature 43°C Usage(G0s) 8%
Userboard CPU Temperature
GE1 MAC-Work Mode F&-A0-3D-40-D5-14 1000M/Full-duplex
GEO MAC-Work Mode F8-A0-3D-40-D5-15 down
Service Ethernet Interface(GE1) 172.28.26.150 255.255.0.0 1722811
Management Ethernet Interface(GED) 192.168.11.1 2552552550 0.0.0.0
DMNS Server 0.0.0.0 0.0.0.0
Device ID dc11-0423-3031-0296
Cloud Server Register Status Mot Registered 537 Share Master TG
System Time 2025-1-27 9:12:50
System Uptime Im4d3s
License Remaining Time 57 Days
GE1 Network Speed(Kbit/s) Received 68 Sent 9
GEOD Network Speed{Kbit/s) Received 0 Sent 0
Version
Device Model MTG200-4E1 Work Mode Standard Mode
Hardware Version PCB 22.01, BackBoardID 1, LogiclD 4, FlashlD 2c
Boot \ersion 14 Kemel Version 41
Software Version 02.06.21.07 T2 Web Version 02.06.21.07 T2
Time Built 2025-04-21 , 15:58:06



http://fs.dinstar.com:8888/Firmware/MTG200/ExampleDB/db%20for%2002.06.21.07%20with%20NI-2.ldf
http://fs.dinstar.com:8888/Firmware/MTG200/ExampleDB/db%20for%2002.06.21.07%20with%20NI-2.ldf

2.2 Restore the database

Open the page Management>>Data Restore. Choose the option "Database" and upload the Database
files Resotre it.

Need reboot to apply that.

r
Data Restore
+ Status & Statistics
+ Network Param Confi
? Database BEEE | RISFRHIATY
Dialpizn B | FIRE AT
SIP Account RS | R
Num Ts Bound List | $EREST#E | SRifELAsi
User Account Info | #EZ74E | BBt
* Number Manipulation User Group Info. | SEIEAE | SEREA M
+ Voice & Fax
+ Maintenance
- Management
+ Management Parameter
+ CDR Parameter
= Server Parameter
» Cloud Server
+ NMS Server
+ Mail Server
+ SNMP Parameter
+ Radius Parameter
= Remote Server
» Data Download
+ Data Restore
+ License management
Open the page of PRI Config>>>PRI Trunk.
0 EImA ST TunkNo.  TunkName  ChannellD  D-Chiannel T1 Fort No. Frotocol Switch Side Alerting Indication
+ Network Param Config
- PRI Config [} 0 FRIO 0 Enable 0 ISDN User Side ALERTING
+ PRI Parameter
« PRITrunk Total: 1 [T v]
+ SS7 Config [(Delete | [(Modiy |

Choose the port0 and check the PRI configuration.

Currently, the simple set as ISDN or NI-2 with User Side. If your PRI network differnet, you need
change it. Mostly, we just need confirm Switch Side is User Side or Network Side. If you don't know
the exactly information, you can try one by one.

PRI Trunk Modify

+ Status & Statistics

+ Network Param Config Trunk Mo 0
- PRI Config Trunk Mame 0
+ PRI Parameter Channel ID 0
+ PRI Trunk D-Channel Enable v
+ S$57 Config E1/T1 Port No. 0 hd
+ R2 Config Protocol NI2 v
+ PSTN Group Config Switch Side
ISDN
+ SIP Config Alerting Indication
+ H323 Config QasiG
+ IP Group Config DMS100
+ Number Filter @ AESS
+ Call Routing
5ESS

+ Number Manipulation
+ Voice & Fax NI

+Mosernce R

+ Management

PS: the NI-2 need Enable following



PRI Parameter

Calling Party Mumbering Plan [ 1ISDHTelephony numbering plan |
Calling Party Mumber Type [ Unknown w |
Screening Indicator for Displaying Caller Number | User-provided, not screened w |
Screening Indicator for Mo Displaying Caller Mumber | User-provided, not screened w |
Called Party Numbering Plan [1SDMTelephony numbering plan w |
Called Party Number Type [Unknown w |
~nformation Transfar Capability [ Soesch x
Facility [Enable |
Facility Mode [ From Display Name |
Facility Opcode Global w

Send Dial Tone

Alert Compensation [ Enable w |
Send Status when IE Element Incompatible | Disable w |
Incoming Call Max Caps(0 for dizable) [100 |
PRI Incoming Call Escape | Dizable w |
PRI D Channel Share [ Dizable |
User-user Info Passthrough to SIP [ Dizable |
Display Info Passthrough to SIP [ Enable w |
Reset to default configuration Reset

2.4 E1/T1 Parameter

Open the page of PSTN Group Config>>>E1/T1 Parameter.

+ Status & Statistics

ey ——— Port No. WorkMode ~ PCMMode  Frame Format Line Code Line Built Out

+ Net 'aram Config

+ PRI Config 0 T ALAW F12/SF B3z Short Haul

2 ST 1 T ALAW F12/SF B37S Short Haul

+ R2 Config

- PSTN Group Config —
+ Clock Source
+ T1 Parameter

« Port Number
+ Codec Group

Clikc the button Modify to verify the configuration and correct it.
Current Page using T1 with F12/SF.

T1 Parameter Modify

Start T1 [ Port D v
End T1 [ Port 0 v |
Work Mode [T1 v |
PCM Mode [ A LAW v
Frame Format [ F12/SF v
Line Code | B8ZS v |
Line Built Out |Sh0rt Haul{-10 DE) v|

If your PRI using E1, you need choose the coorrect Frame Format: DF/MF/MF-CRCA4.

The Frame Format can affect the E1/T1 trunk established and voice both.



2.5 SIP Trunk

Open the page of SIP Config>>>SIP trunk, choose current trunk and modify.

SIP Trunk

Status & Statistics

.
+ Network Param Config
+ PRI Config

+ SS7 Config

O 0 GE1 IPPBX 172.19211.110  5060(UDP)/5060(TCP) Reques. User N. No Peer No IP Address No Yes.
+ R2 Config

+ PSTN Group Config Totar 1
- SIP Config

+ SIP Parameter Add Delete Select All
+ SIP Trunk
+ SIP Account

Change the Remote Address to the actual IPPBX.

If the Rremote Port different, need change it also.



SIP Trunk Modify

Trunk No. [0 |
Bl | GE1 v|
Trunk Name [IPPBX |
Remote Address [172.19.211.110 |
Protocol Type | UDP M
Remote Port(UDF) [ 5060 |
Remote Port(TCP/TLS) [ 5060 |
Outbound Proxy | |
Cutbound Proxy Protocol Type | UDP v|
Qutbound Porxy Port(UDP) [ 5060 |
Qutbound Porxy Port(TCP/TLS) [ 5060 |
From Header [ Local Domain M
PPID | Disable v|
Local Domain | Disable M
Support SIP-T | Disable M
Get Callee from | Request-line M
Get Caller from [ User Name M
Register to Remote [ No M
Incoming SIF Authentication Type | IP Address w |
Rport | Disable M
Dynamic Nat | Disable M
Static Nat | Disable v |
Cutgoing Calls Resfriction | Mo v|
Incoming Calls Restriciion | Mo vl
Incoming Time Restriction | Disable v |
Heartbeat Bound | Disable M
Detect Trunk Status [ No M
Heartbeat Usemame [ heartbeat |
Enable SIP Trunk [ Yes M
Early Alerting | Disable M
Mo Prack for Incoming Call | Disable v |
User to User{callee|caller) | Disable vl
Request Add Port | Disable v |
OPTIONS Only Detects 2000K | Disable v|
Passthrough Sip Error Code | Disable vl
Heartbeat Bound PSTN Group | Disable v |
From Display Mame | Enahble v|

Some times, the IP side is IMS, need using domain, you can input the IMS domain to field Remote
Adress and fill the IP to field Outbound Proxy.



Bl

Trunk Mame

Remote Address

Protocol Type

Remote Port(UDP)

Remaote Port(TCR/TLS)
QOutbound Proxy

Cutbound Proxy Protocol Type

| GE1

[IPPEX

| gd_chinatelecom.com
| UDP

[5060

[5060
[172.19.211.110
|UDP v

<

{

If the IMS request register mode, Enable the option "Register to Remote" to YES.

Register to Remote

|Yes v]

Then add the SIP account in Page SIP Config>>>SIP Account.

SIP Account Modify

SIP Account ID [0 |
Description |8675561919966 |
Binding PSTN Group [ None M
SIP Trunk No. [ 0 <IPPBX= v |
Usemame [ 8675561910965 |
Authenticate 1D | 8675561919966 gd.chinatelecom.cc |
Password |
Confirm Password |
Expire Time [ 1800 ls
Max Calls [65535

Binding SIP Trunk | Disable v|
Enable Account [ Yes M

2.6 Call Route

Open the page Call Routing>>>PSTN->IP, Choose the PSTN->IP call route.

+ Status & Statistics
+ Network Param Config
+ PRI Config

+ SS7 Config

+ R2 Config

+ PSTN Group Config

+ SIP Config
+ IP Group Config

The default is pass all call from PSTN to IP. If you have some limited or filter or have more trunks,

you can modify it.

PSTN->IP Routing

Index Description  TrunkNo. PSTNGroup Callee Prefic Caller Prefix  TrunkType  TrunkNo.  Destination IP Group
[J 511 PRLOWIPPX 0<PRI_O- siP 0 <IPPEX>

] ] o] [




Route PSTN-=IP Modify

Index [511 |
Description [PRI_OtolPPX |
Source Type [ Trunk v |
PSTN Trunk [0 <PRI_0= v
Callee Prefix [ |
Caller Prefix [. |
Destination Type [ Trunk v |
Trunk Type [SIP v
IP Trunk No. [0 <IPPEX> M
Filter Profile ID [ 255 =None= v |

Open the Page Call Routing >>>> IP->PSTN , Choose the PSTN->IP call route.

+ Status & Statistics

+ Network Param Config Index Description Trunk Type Trunk No. IP Group Callee Prefix  Caller Prefix m m Filter Profile ID

: zglycc?:.ﬁﬁ% O 51 IPPXPRLO sip 0 <IPPEX> 0 <PRI_0> None

~ P Group Coni o
+ SIP Config [TDeiete ] [Wiody ]

+ IP Group Config
+ Number Filter
- Call Routing
+ Routing Parameter
+ PSTN--IP Routing
+ PSTN->PSTN Routing
+ IP=PSTN Routing

The default is pass all call from IP to PSTN. If you have some limited or filter or have more trunks,
you can modify it.

IP->PSTN Routing Modify

Inde:x [511 |
Description [IPPXtoPRI_D |
Source Type [ Trunk v
Trunk Type [SIP v |
Trunk No. | 0 <IPPEX=> M
Callee Prefix [. |
Caller Prefix . |
Destination Type [ Trunk M
PSTN Trunk [0 <PRI_0= M
Filter Profile ID [ 255 =None= M

2.7 Status Monitor

Open the page Status&Statistics >>> E1/T1 Status, Initiate a call to verify if it is working properly.

- Status & Statistics

« System Information PortNo. 0 1 2 5
+ DTU Status oTUG . . ! !
+ E1/T1 Status

« PSTN Trunk Status NOTES: JMlAcivated | Disable  W|NotAuthorized B osaam [ Calls Exceed

W RalAam  [AISAam B 1SDN/SST Signal Alarm [ Aute Closed

E1/T1 Channel Status.

Channel/Mo. 0 1 2 3 4 5 6 7 8 9 10 11 12 13 14 15 16 17 18 19 20 21 22 23 24

oo 1 v v o I

Port 1

+ Radius St lics
+ Record Statistics
+ Network Param Config Port3

Pori2




3. Scenario of SS7

Dinstar make are simple scenario for SS7 network. If you are connected to the PSTN side via SS7, you
can restore the databasse and very less change.

If the parameters are different from those of the operator, modify them to the values provided by the
PSTN side. If the configuration is the same as that of the PSTN, no modification is required.

3.1 Download Simple Database

Open the following link, to download the simple database file for SS7.

http://fs.dinstar.com:8888/Firmware/MTG200/ExampleDB/db%20for%2002.06.21.06%20with%20SS
7.1df

PS: this file for MTG200 with version 02.06.21.06 or above.

3.2 Restore the database

Open the page Management>>Data Restore. Choose the option "Database" and upload the Database
files Resotre it.

Need reboot to apply that.

'
+ Status & Statistics
o L 2 Database ST | RIS
Dislpian SR A
+ PSTN Group Config SIP Account IR
N ;":;f::;"f:mﬁg Num Ts Bound List EEEIATS
i ::Irlnltz:] E:;er User Account Info SR A
: ‘r::;-::e&rl:n:;nipulaﬁon User Group Info R
+ Maintenance

- Management
+ Management Parameter
+ CDR Parameter
= Server Parameter
» Cloud Server
+ NMS Server
+ Mail Server
+ SNMP Parameter
+ Radius Parameter
= Remote Server
» Data Download
+ Data Restore

+ License management

Then refer to the following sequence to change the configuration to the actual values.

If the parameters are different from those of the operator, modify them to the values provided by the
PSTN side. If the configuration is the same as that of the PSTN, no modification is required.


http://fs.dinstar.com:8888/Firmware/MTG200/ExampleDB/db%20for%2002.06.21.06%20with%20SS7.ldf
http://fs.dinstar.com:8888/Firmware/MTG200/ExampleDB/db%20for%2002.06.21.06%20with%20SS7.ldf

3.3 SS7 Trunk

Open the page of SS7 Config>>>SS7 Trunk.

SS7 Trunk

Status & Statistics

||
H

[m] i 887_0 U ISUP 14bits{3-8-3) 123 456 National Network Enable No

Choose the Trunk 0 and check the SS7 Trunk configuration.

Before it, please try to got the SS7 trunk information from provider, like Protocol, Protocol Type, SPC
Format, OPC, DPC, each parameter must be modified to the corresponding value of the other end.

Trunk No. [0 |
Trunk Name [357_0 |
Protocol [ITU v |
Protocol Type [15UP v
SPC Format | 14bits(3-8-3) v |
OPC [1-2-3 |
DPC |4-5-6 |
Support APC | Disable v
Network Indicator | National Network v |
Sending SLTM | Enable v
Link Set No. [ None v |

3.4 SS7 Single Link

Open the page of SS7 Config>>>SS7 MTP Link,

S$S§7 MTP Link

+ Status & Statistics
+ Network Param Config
+ PRI Config

o o 0 0 0 0 1 Not Confi.. Not Confi..  Not Confi. ISDN Allowed  User Pr Disable  Disable Default N

Add

Choose the Link 0 and check each parameter and modify each parameter to the correct value.

Like the Single Link channel No. Current using Channel 1 , some one using Channel 16.



S87 MTP Link Modify

No. [0 |
Trunk Mo. [0 |
Link No. [0 v |
Signaling Link Code [0 |
E1/T1 Port No. [0 |
Channel No. [1 |
Caller Type | Mot Configured - |
Callee Type | Mot Configured w |
QrgCallee Type | Mot Configured w |
Numbering Plan [1SDN v |
Calling Presentation [ Allowed v |
Screening indicator | User Provided v |
Called Stop Sending | Disable v|
Calling Stop Sending | Disable w |
Transmission Medium Requirement | Speech v |
Link Mode | Default v |
Binding Slave TG [ None v
[ OK | | Reset | | Cancel |

3.5SS7 CIC

Open the page of SS7 Config>>>SS7 CIC,

Status & Statistics
Network Param Config
PRI Config

§S7 Config

+ 587 Parameter
* 557 Trunk
+ SST MTP Link

« Slave TG Pc Set

SS7 Circuit

Trunk No_
[m] 0

Choose the CIC setting of Trunk 0 and correct CIC range.

Trunk MNo.
E1/T1 Port Mo.
Start Channel
Start CIC No.
Count

E1/T1 Port No. Start Channel Start CIC No. Count

0 1 1 24

[Aad | | | | [SelectAl]

557 Circuit Modify

3.6 E1/T1 Parameter

Open the page of PSTN Group Config>>>E1/T1 Parameter.



+ Status & Statistics
+ Network Param Config
+ PRI Config 0 T ALAW Fi2/sF B8ZS Short Haul
+ SS7 Config
+ R2 Config
- PSTN Group Config
+ Clock Source
« T1 Parameter
« Port Number
+ Codec Group

T1 Parameter

1 T ALAW F12iSF B3ZS Short Haul

Toat 2

Clikc the button Modify to verify the configuration and correct it.
Current Page using T1 with F12/SF.

T1 Parameter Modify

Start T1 [ Port D v
End T1 [ Port 0 v |
Work Mode [T1 v |
PCM Mode [ A LAW v
Frame Format [ F12/SF v
Line Code | B8ZS v |
Line Built Out |Sh0rt Haul{-10 DE) v|

If your PRI using E1, you need choose the coorrect Frame Format: DF/MF/MF-CRCA4.
The Frame Format can affect the E1/T1 trunk established and voice both.
If evething is Ok, you will saw the SS7 trunk status in page Status&Statistics >>> E1/T1 Status.

E1/T1 Port Status

DTUO = - L L)

NOTES: WM Activated WM Dissble W] Not Authorized B osaam B Calls Exceed
W RalAlarm [ AIS Alarm B8] ISDN/SST Signal Alarm B “uto Closed

E1/T1 Channel Status

Port 1

Port 2

Port 3
Siafus Frame-S... Idle Signal Progress Ring Talk Release Fault Disable L-block... R-bloc... B-bloc...
CCAN BN B e HE H B HE B B
Totalize 1 23 1 0 0 0 1] 0 75 0 i 1]

NOTES: L-Blocked -- Local Blocked, R-Blocked -- Remotie Blocked, B-Blocked —- Both Sides Blocked
3.7 SIP Trunk

Open the page of SIP Config>>>SIP trunk, choose current trunk and modify.

.
+ Network Param Config
+ PRI Config

+ SST Config O 0 GE  IPPBX 17219211110 5060(UDPNS0SO(TCF) Reques.. UserN No Peer No 1P Adaress Mo Yes

+ R2 Config

+ PSTN Group Config Total: 1
- SIP Config

+ SIP Parameter Sl
+ $IP Trunk
« SIP Account




Change the Remote Address to the actual IPPBX.

If the Rremote Port different, need change it also.

SIP Trunk Modify

Trunk No. [0 |
Bl | GE1 v|
Trunk Name [IPPBX |
Remote Address [172.19.211.110 |
Protocol Type | UDP M
Remote Port(UDF) [ 5060 |
Remote Port(TCP/TLS) [ 5060 |
Outbound Proxy | |
Cutbound Proxy Protocol Type | UDP v|
Qutbound Porxy Port(UDP) [ 5060 |
Qutbound Porxy Port(TCP/TLS) [ 5060 |
From Header [ Local Domain M
PPID | Disable v|
Local Domain | Disable M
Support SIP-T | Disable M
Get Callee from | Request-line M
Get Caller from [ User Name M
Register to Remote [ No M
Incoming SIF Authentication Type | IP Address w |
Rport | Disable M
Dynamic Nat | Disable M
Static Nat | Disable v |
Cutgoing Calls Resfriction | Mo v|
Incoming Calls Restriciion | Mo vl
Incoming Time Restriction | Disable v |
Heartbeat Bound | Disable M
Detect Trunk Status [ No M
Heartbeat Usemame [ heartbeat |
Enable SIP Trunk [ Yes M
Early Alerting | Disable M
Mo Prack for Incoming Call | Disable v |
User to User{callee|caller) | Disable vl
Request Add Port | Disable v |
OPTIONS Only Detects 2000K | Disable v|
Passthrough Sip Error Code | Disable vl
Heartbeat Bound PSTN Group | Disable v |
From Display Mame | Enahble v|

Some times, the IP side is IMS, need using domain, you can input the IMS domain to field Remote
Adress and fill the IP to field Outbound Proxy.




Bl

Trunk Mame

Remote Address

Protocol Type

Remote Port(UDP)

Remaote Port(TCR/TLS)
QOutbound Proxy

Cutbound Proxy Protocol Type

| GE1

[IPPEX

| gd_chinatelecom.com
| UDP

[5060

[5060
[172.19.211.110
|UDP v

<

{

If the IMS request register mode, Enable the option "Register to Remote" to YES.

Register to Remote

|Yes v]

Then add the SIP account in Page SIP Config>>>SIP Account.

SIP Account Modify

SIP Account ID [0 |
Description |8675561919966 |
Binding PSTN Group [ None M
SIP Trunk No. [ 0 <IPPBX= v |
Usemame [ 8675561910965 |
Authenticate 1D | 8675561919966 gd.chinatelecom.cc |
Password |
Confirm Password |
Expire Time [ 1800 ls
Max Calls [65535

Binding SIP Trunk | Disable v|
Enable Account [ Yes M

3.8 Call Route

Open the page Call Routing>>>PSTN->IP, Choose the PSTN->IP call route.

+ Status & Statistics
+ Network Param Config
+ PRI Config

+ §57 Config
+ R2 Config

+ PSTN Group Config
+ SIP Config

+ IP Group Config

+ Number Filter

The default is pass all call from PSTN to IP. If you have some limited or filter or have more trunks,

you can modify it.

PSTN->IP Routing

Index  Description  TrunkNo.  PSTN Group  Callee Prefix  Caller Prefix  TrunkType  TrunkNe.  Destination IP Group
O 511 SS7_0w0P.. 0<8S7_0> sIP 0<IPPBX=

[Chdd ] [Ceee] [Wodf ] [SelectAll




Route PSTN-=IP Modify

Index [511 |
Description [SS7_0tolPPX |
Source Type [ Trunk M
PSTN Trunk [0 =557_0= v |
Callee Prefix . |
Caller Prefix . |
Destination Type [ Trunk v
Trunk Type [SIP M
IP Trunk No. [0 <IPPBX> v
Filter Profile 1D [ 255 =None= v |

Open the Page Call Routing >>>> IP->PSTN , Choose the PSTN->IP call route.

+ Status & Statistics

+ Network Param Config Index Descripfon  TunkType  TrunkNo.  IPGroup  Callee Prefix  Caller Prefix Dﬂ'm mm Filter Profile ID
+ PRI Config FeTN S
+ §§7 Config O 51 IPPxtosST0  SIP 0<IPPBX> 0<SS7_0> None
+ R2 Confi
9 Total: 1 [Page 1 v

+ PSTN Group Config
+ SIP Config [(Deeie | [Twodiy ]
+ IP Group Config

+ Number Filter

- Call Routing
* Rou Parameter

+ Number Manipulation
- Voice & Fax

The default is pass all call from IP to PSTN. If you have some limited or filter or have more trunks,
you can modify it.

IP->PSTN Routing Modify

Index [511 |
Description [IPPXtoS57_0 |
Source Type [ Trunk M
Trunk Type [sIP M
Trunk No. |0 <IPPEX= v |
Calles Prefix . |
Caller Prefix . |
Destination Type [ Trunk v
PSTN Trunk [0 =887 _0= v |
Filter Profile 1D [ 255 <None= v

3.9 Status Monitor

Open the page Status&Statistics >>> E1/T1 Status, Initiate a call to verify if it is working properly.



E1/T1 Port Status

- - - .

NOTES: M Activated MM Disable W) Not Authorized B Los alam M Calls Exceed
W|RAlAlarm [ AIS Alarm W] ISDN/SST Signal Alarm B ~uto Closed

E1/T1 Channel Status

Fort 1
Fort 2
Port 3
Stafus  Frame-S... Idle Signal Frogress Ring Talk Release Fault Disable L-block... R-bloc... B-hloc...
cor 0 W H N H H BN HE B B
Totalize 1 22 1 0 il 1 0 ] 75 ] 0 0

NOTES: L-Blocked -- Local Blocked, R-Blocked -- Remote Blocked, B-Blocked — Both Sides Blocked



