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Foreword DINSTAR

o This course is mainly:
o Guide Ringback Tone Problems & Solutions
o Guide Problems & Solutions for Calling

o Guide Problems & Solutions for Login



Course Objective DINSTAR

How To Solve The Problem Of No Ringing Tone

Through this course

How To Solve The Problem Of Not Being Able To
Call

you will be able to

How To Solve Login Failure
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Ringback Tone Problems & Solutions

« View Configuration
IP Grouping Config - IP Profile View Ringback

tone Source and Early Media Configuration
Ringback Tone to PSTN Originated from:
Local-- MTG playback

IP--SIP server side playback

Adaptive-- determine the playback side
based on negotiation

Ringback Tone to IP Originated from:
Local-- MTG playback

PSTN-- PSTN side playback

+ Status & Statistics

+ Netwark Param Config
+ PRI Config

+ S§7 Config

+ R2 Config

+ PSTN Group Config

+ SIP Config

- IP Group Config

+ [P Profile

+ [P Group

+ P Group Management
+ Number Filter
+ Call Routing
+ Number Manipulation
+ Voice & Fax
+ Maintenance
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IP Profile Modify

IPPrfie D b ]
Description
Dcle RFC2833 0 S0P
Suppor Eaty Medla
Ringback Tong to PSTN Originated fro Adaplive v

Ringback Tong to IF Originated from 1 IPSTN—V|
Wattfor RTF Packet from Pesr
T30 Expanded Type in SDP X-Fax v

[ ok | [Resst| [Cance]




Ringback Tone Problems & Solutions DINSTAR

* View Log

1.Verify whether the device has received a
ringback signal from the E1 line

2.whether the device has played a ringback

tone or transmitted a ringback tone

€924, 51p-t,0,31786201,1n proc> <<== SIP CALL RING, Local:018748807233@im=. sh.chinamobile.com, Peer:+862131786201fims.sh.chinamobile.caol
€924, 51p-t,0,31786201,1n_procx

called dev no:0, called term type:4, call type:2, IpProfileld:0, pem:none.

: <924,Sip—t,0,31?86201,ip_prac>

Is need send local ringback tone to caller(ip->ip):yes, call type:2(1m3}|

€924, 51p-t,0,31786201,1n_procx
€924, 51p-t,0,31786201,1n_procx
€924, 51p-t,0,31786201,1n_procx
1 €924, 51p-t,0,31786201,1in procx
+ <924, 51p-t,0,31786201,1in proc>
: <924,51p-t,0,31786201,1in proc> ==»> CC ST ALERTING, ccb:924, calling:31786201
€924, 51p-t,0,31786201,in proc> ==>»> CC_5T ALERTING, std sdp:, priv sdp:

€924, 51p-t,7,6553%,  walt ack» <¢== CC_ST ALERTING, std sdp:, priv sdp:

1 <924, 5ip-t,7,65535, ,wait ack»
1 <924, 5ip-t,7,65535, ,wait ack»
: <924,51p-t,7,65535, ,wait ack» =>> CC_ST ALERTING

t €924, 51p-t,7,6553%, walt ack» ==»> CC_ST_ALERTING, std sdp:v=(

st_set_conn param, local:Z3> , remote:dss

transcode crcx_called, connid:33, chan:37, locallp:20.20.75.46, peerlp:20.20.75.46, port:6339, AlgoType
transcode crcx_calling, connid:33, chan:33, locallp:10.10.60.122, peerIp:10.10.60.103, port:17300, Algo
transcode crcx success! CCBNo:924, connectlId:33

33t send ringback tone to net(5) !|

get bill alter time:15-26-44
cc (ccb:824) alerting crypt cfg 4 Method:0,Type:0,Key:0,ullP:255,255.255.255, usPort: 65535



Ringback Tone Problems & Solutions

« RTP Capture

Retrieve RTP packets between SIP server
and MTG

Call direction: IP-PSTN, capture to check if a
ringback tone is sent to the SIP server

Call direction: PSTN-IP, capture to check if
SIP server's ringback is received

Call direction IP-IP, capture packets to check
for transparent transmission or local

ringback tone

+ Stafus & Statistics
+ Network Param Config
+ PRI Config
+ 557 Config
+ R2 Config
+ PSTN Group Config
+ SIP Config
+ [P Group Config
+ Number Filter
+ Call Routing
+ Number Manipulation
+ Voice & Fax
= Maintenance
+ Ping Test
+ Tracert Test
+ Sianaling Call Test
» Network Capture
+ Debug Command

+ Management

DINSTAR

Default Setfing RTP special

oTu

Capture Size

oTu o

200 v

NOTE

Althe ftems can be left it empty, it means get all the peakets on the availabls intarfaces.
Use ' division mufiple [P

fyou want get the syslog packets, please make sure syslog is enabled

fyou want get RTF or RTCP packets please make sure select UDP concurrently

fyou want get RTF or RTCP packets, please pick a 0TU

f Current Calllarger than 15 and get RTP or RTCP packets may cause 3IP Trunk fault



Ringback Tone Problems & Solutions

« PCM Capture
Obtain PCM Capture between MTG and E1

lines

Call direction: IP-PSTN, capture packets to
check if line ringback is received

Call direction: PSTN-IP, capture packets to

check if a ringback tone is sent to the line

+ Status & Statistics
+ Network Param Config
+ PRI Config
+ 557 Config
+ R2 Config
+ PSIN Group Config
+ SIP Config
+ IP Group Config
+ Number Filter
+ Call Routing
+ Number Manipulation
+ Voice & Fax
- Maintenance
+ Ping Test
+ Tracert Test
+ Signaling Call Test
+ Network Capture
+ Debug Command

+ Management
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Default Setfing PCM only v
2
B
Capture Size 200 v

NOTE:  All'the tems can be lefi it emply, if means get all the peakets on the available interfaces.
Use ' division muttiple IP
fyou want get the syslog packels, please make sure svlog is enabled
fyou want get RTP or RTCP packets please make sure select UDP concurrently.
fyouwant get RTP or RTCF packets, please pick a DTU
T Current Call larger than 15 and get RTP or RTCP packets,may cause SIP Trunk fault



Contents DINSTAR

1 Chapter One Ringback Tone Problems & Solutions

a Chapter Two problems & solutions for calling

3 Chapter Three problems & solutions for login



Chapter Two
02

Problems & Solutions for Calling
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Failed to register IMS account DINSTAR

SIP Trunk Add

M M M Status & Statistics
« View Configuration R e 1 2
PRI Config BI GE1 ~
S$57 Config Trunk Name ims
L S (i Remote Address ims.gx. chinamobile.com
. H . H EPEET Protocol Type UDP ~
1. SIP Trunk: Check if the configuration of the - sE e
= Remote Port{TCP/TLS) 5060
z:g;ﬁ;"m Oubound Proxy 183.211.6.80
SIP RED Group Outbound Proxy Protocol Type UDP ~
remote address, outbound proxy address i Grous o
I 7 Number Filter Qutbound Porxy Port(TCP/TLS) 5060
Call Routing FPeer Domain ~
Number Manipulation FAD Disable ~
0 Voice & Fax Local Domain Disable ~
from header, outgoing call mode, and e e
I I Management Get Callee from Reguest-line -
Get Caller from User Name R
Register to Remote Yes ~
account auth mode is correct e = :
Account Select Mode Default ~
Auin 1D ~
. Display Name by Caller -
[ Contact Username by Default -
2. SIP account: check if the username, T
Rport Disable ~
Dynamic Nat Disable ~
. . Static Nat Dizable R
authentication ID, and password are correct o -
I I Incoming Calls Restriction No ~
Incoming Time Restriction Disable ~
Heartbeat Bound Disable R
. M M Detect Trunk Status No ~
with expire time of 1800s or 3600s
Enable SIP Trunk Yes ~
Early Alerting Disable ~
° . No Prack for Incoming Call Disable -
. User to User(callee|caller) Disable -
3. Ping& Tracert: check if the outbound Proxy R
OPTION Only Detects 2000K Disable -

IP can be pinged and static IP routing is

Status & Statistics

Network Param Config SIP Account ID 0
C O r re Ct ] Description +867713480000
S$S§7 Config Binding PSTN Group Nong hd
L e, e SIP Trunk No 1 <ims= ~
e Usemname +B867713430000
L o Parmeter Authenticate ID +8677 13480000@ims.gx.chinamobile
SIP Trunk Erzs
+ SIP Account
« SIPDNS Confirm Password 18;0
+ SIP RED Group e —
+ IP Group Config Max Calls 55535
+ Number Filter Enable Account Yes ]

+ Call Routing
+ Number Manipulation [ok | [ Reset | [ Cancel |

- Voice & Fax
+ Maintenance
+ Management




Failed to register IMS account

« Packet capture

Click on maintenance - network capture
Default configuration, click start
Reproduce the problem, the expire time is
relatively long, you can disable the account
first and then enable it again

Click to stop

+ Status & Statistics
+ Network Param Config
+ PR Config
+ 57 Config
+ PSTN Group Config
+ SIP Config
+ P Group Config
+ Number Filter
+ Call Routing
+ Number Manipulation
+ Voice & Fax
- Maintenance
» Ping Tes
+ Tracer Test
+ Signaling CallTest
+ Network Capture
+ Debug Command
+ SelfCheck MCU
+ SeffCheck DTU
+ Authorization Config

+ Management

Network Capture

Defaut Sefiing
Nefwork nferface

Souree Host

Destinafion Host
Protocal(s)

[y

Capture Size

Cusiom

U
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v

Oes

Urce

Oue Ore Cprce Oicwe Oape

NOTE: ~ Allthe fems can be left f empty, it means get all the peakets on the available interfaces.
Use" division muttplz IP
fyou want get the syslog packels, please make sure syslog is enabled
fyau want get RTF or RTCP packets please make sure select UDP concurenly.
fyau want get RTP or RTCP packets, please pick a OTU
f Current Cal farger than 13 and get RTP or RTCP packetz may cause 3IP Trunt faul




E1 port lightis not on or flashing DINSTAR

« Troubleshooting steps
If the E1 indicator light on the MTG is not on or flashing, it

indicates that there is a fault in the connection between

the MTG and the switch. You can follow the following

steps to troubleshoot

1. Check if the E1 connector is in good contact

o
H
f
b
0
0
0
:
0
q
f
U
'
i}
-
]
(]
0
0

2. Exchange the receiving and sending ends of the MTG

side E1 interface

Check the E1 line sequence

1 — B
2 . .
= B =
<] = I ]
5 . =
L= o S
7 e v
S - =

4, Self loop test

=
H

loop b ack el

ONODAWNH



E1 port lightis not on or flashing DINSTAR

« Self loop test

1. The number of e1 ports>1:use the E1 cable in the
accessory to connect the two E1 ports

2. The number of e1 ports=1: Use a crystal head to
connect 1-4 and 2-5, create an E1 self ring head, and

insert it into the corresponding E1 port




PRI link failure DINSTAR

E1/T1 Port Status

* Status & Statistics- E1/T1 status view T e B e g e
1."LOS Alarm" : indicates that the E1 line is physically
disconnected. It could be an issue with the E1 line, BNC Con o _================================
adapter box, or a reverse connection of the BNC P

transmission and reception lines e Bl m W m m m m . m m m
2. "RAIl Alarm" : indicates that the underlying E1 port of 0
the device cannot receive data from the other party. It PRI TunkNo. TwmkName  EUT1PoriNo Lk SendFramesNum  Recy Frames Num
may be an issue with the E1 line, BNC adapter box, or the 0 EAPEX 0 Established 193081 89167

other party's interface " L 1 L -

3."AlIS Alarm" : This type of alarm is usually caused by the Total 2[ 1 v |
other party not activating business data Clock Soure Comfig

4. "ISDN/SS7 signal alarm™ : indicates that the PRI trunk R”";CZ‘:;S"E” 'i E;; @. g '

link has not been successfully established. Check if the E1 o3 S Source Made e

line sequence, BNC adapter box, and PSTN trunk status

are receiving and transmitting, and attempt to modify e e
frame format and clock source Ew

Totar 4



SS7 link failure

« SS7 Config-SS7 Circuit Maintain

1.“Fault" : indicates that the E1 line is physically
disconnected. It could be an issue with the E1 line, BNC
adapter box, or a reverse connection of the BNC
transmission and reception lines

2. "RAI Alarm" : indicates that the underlying E1 port of
the device cannot receive data from the other party. It
may be an issue with the E1 line, BNC adapter box, or the
other party's interface

3."AlIS Alarm" : This type of alarm is usually caused by the
other party not activating business data

4. "ISDN/SS7 signal alarm" : indicates that the SS7 trunk
link has not been successfully established. Check PSTN
trunk status, SS7 trunk, SS7 MTP link, and ss7 cic
configurations are consistent with the data provided by
the other end, and attempt to modify the frame format
and clock source

DINSTAR

557 Circuit Maintain

Operation Mode [E1m1 v|

Master TG 0 1 2 3
Protocol Type ISUP ISUP
DTU 0 | | | |

O O

[ SelectAll] | Invert | | Clear | [ Block | | Unblock | | Reset | | Cancel |
Activated Disable Fault RAI Alarm AlS Alarm  ISDN/SST Signal Ala...
Frame-Sync Idie Signal Busy L-blocked R-blocked B-blocked Blocking Unblocking Resetting

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



Call failed DINSTAR

« Signaling Call Test—IP Trunk

+ Network Param Config SONETTEE
+ PRI Config ;
Test purpose: + §57Conlg AL
Trunk Type Sip v
+ PSTN Group Config
: : H IP Trunk No. 1< v
To test IP-PSTN directional calls and verify whether iy e
+ P Group Config
. + Number Filter Calling Number
the connected SS7/PRI trunk lines can make normal + ol ovtig Cald Nuisr
+ Number Manipulation
Ca | | S + Voice & Fax Signaling Trace
- Maintenance
° + Ping Test CC(ceb:3) <4== CC_ST_SETUP, c1:5, calling:B0l, dial: 10026,
Te stl ng m et h Od : + Tracert Test mum_ok: 1, trunkGrpld: 266, profileld: 266
+ Signaling Call Test [TP2Tel]Match Route Suce! Index:5!1{0UTSIDE)
. . . . . © NeborkCa (@ orh: 3 == CC_ST_SETIP
1 . C||Ck maintenance- Slgnallng Ca" testlng SELELID PRA{cch:3) <¢== CC_ST_SETUP, calling:80l, dial: 10086, send ck:1
+ Debug Command PRAloch:3) =) CC_SETTP_REQ, index:f, if 65535, trunkGrp:,
+ SeliCheck MCU calling: 801, called: 10086, presentId:(, trams
. u 7] .
2. Source type: select “IP trunk” . Trunk type: select + s oy P S b WLSETR
- PRA{goh:3) <¢== CC_PROCEEDING_TID,, canse: 0(CK)
n n + Management PRA Send Hsz: WT_SETIP
Sl P PRA{gch:3) <¢== CC_PROCEEDING_TID,, cance: 0(0K)

3. calling number: the line number assigned by the
operator

4, called number :the test phone number

Test success phenomenon:

Click 'Save' and select 'Start'. The dialed phone will

ring and you can pick it up

EnlenlenieT




Call failed

« SS7 call process

SS7 Send Msg: ISUP_IAM.
by MTG*/

SS7 Got Msg: ISUP_ACM. /* The MTG receives a
ringing signal from the line back */

SS7 Got Msg: ISUP_ANM. /* The MTG has received
a communication command to connect the line back */
SS7 Got Msg: ISUP_REL. /* The MTG receives a
signal to disconnect the line */

/* SS7 call requests sent

DINSTAR

CClccb:20) <<==  CC_ST_SETUP. cr:38, calling:888888, longNum:888888.  dial:15112272039,
num_ok:1 trunkGrpld:255, profileld: 255+

[IP2Tel]Match Route Sycg! Index:511(8888880 000

CCicch:20) === CC_ST_SETUP+

5857(ccb20) ==== CC_ST_SETUP. calling: 888888, long: 888888, dial:15112272039, send_ok:1+

587(ccb20) ===> CC_SETUP_REQ. index:39, if:65535, trunkGrp:0. calling:888888. called:15112272039.
presentld:0, trans: &

557 Send Mz IR AN «

$87(cch20) <=== CC_PROCEEDING_IND,, cause:0{OK)~

)

557 Got Msg: ISUP_ACM. «
557(cecb:20) ==== CC_ALERTING_IND,, cause:0{OK)~
CCiccb:20) ====CC_ST_SETUP_ACK e
CCicech:20) ===== CC_ST_ALERTING e

o

557 Got Msg: ISUP_ANM. ¢

557(ccb:20) <=== CC_SETUP_CFEM,, cause:0(0OK)~

CCicch:20) <w==CC_ST_CONNECT+

CCicch:20) <w==CC_ST_CONNECT_ACK+

o

557 Got Msg: ISUP_REL. k

587 Send Msg ISUP RIC +

557(ccb20) ==== CC_DISCONNECT IND, cause:16(INormal call clearing)+
S57(ccb:20) <==== CC_RELEASE CFM,, caunse:16{INormal call clearing)
CCicch:20) <w==CC_ST_REEL_COMP, cause:1{CCS_NOEM_CLEAR)), state:7+
CCicch:20) <=== CC_ST_REL COMP, cause:0(CCS_NONE)), state:9+



Call failed

« PRI call process

PRA Send Msg: MT_SETUP
MTG */

PRA Got Msg: MT_CALL_PROCEEDING /* The other end
has received the call request and is currently processing it */
PRA Got Msg: MT_ALERTING
returned by the line */

PRA Got Msg: MT_CONNECT
command for line return connection */

PRA Got Msg: MT_DISCONNECT /* Received the
disconnection of the line, the reason value is below */

/* PRI call requests sent by

/* Received ringing signal

/* Received communication

DINSTAR

CC{och:28)y  ==== CC_ST_SETUF. cr:33, calling:282888. longMNum:E2EE2E. dial:15112272039,
num ok L nkGrpld: 255, profileld: 255+

[P2Tel]hatch Route Suge! Index:511(EEEEEE -9 /* Call direction, index routing mumber */«
CC{och:28) ==== CC_S8T SETUP+

PEA(cch:28) ==== CC_ST_SETUP. calling: 888888, long: 883888, dial-1511227203%, send ol:l+
PEA(cch:29) ==== CC_SETUP_EEQ. mdex:34, if:65333, trunkGrp:0, calling: S88888, called:153112272039,
presentld:0, trans: /* The final calling and called numbers sent by the device ¥/
PEA Send Msg: MT_SETUP o

PEA(cch:2Y) === CC_PROCEEDING IND.,, cause: (0K}

o

PEA Got Msg: MT CAILL PFROCEEDING «—'

PEA(cch:29) ==== CC_PROCEEDING_ IND., cause: 000K

CC{och:28) ====CC_ST_SETUP_ACEK+«

PEA Got Msg: MT_AT ERTING “

PEA(cch:2Y) === CC_ATERTING [ND,, cause:}OK}+

CC{cch:28) ====CC_ST_AI ERTING+

o

PEA Got Meg: MT_COMNNECT o

PEA Send Meg: MT_CONKNECT_ACENCOWLEDGE-

PEA(cchk:29) ==== CC_SETUP_CEM,, cause:0(OK)+

CC{och:28) ====CC_ST_CONNECT+

CC{ech:28) ====CC_ST CONNECT_ACK+

o

PEA Got Meg: MT DISCONNECT o

PEA(cch:2S) === CC_DISCONNECT_IND.,, cause:144({Nommal call clearing

PEA Send Msg: MT_RELEASE«

PEA Got Msg: MT_RELEASE COMPLETE+

PEA(cch:2Y) === CC_RELEASE_ CFEM, cause:0(OK)+

CC{ech:29) ====CC_ST REL COMF, causa:1{CCE_NOFMNM CLEAR)), state: 7+

CCiech:29) ====CC_5T FEL COMPF, cause:0{CCE_MNONE]), state-9«



Call failed

« Signaling Call Test—PSTN Trunk

Test purpose:

Test PSTN-IP directional calls and verify if the

connected SIP trunk line can make normal calls

Testing method:

1. Click maintenance- signaling call testing

2. Source type: select “PSTN trunk”

3. calling number: any number, and if the route has
requirements for the calling, fill in according to
the requirements

4, called number :the test line number

Test success phenomenon:

Click 'Save' and select 'Start'. The corresponding

extension is ringing and can be connected

+ Status & Statistics

+ Network Param Config
+ SDH Config

+ PRI Config

+ §57 Config

+ PSTN Group Config
+ SIP Config

+ IP Group Config

+ Number Filter

+ Call Routing

+ Number Manipulation
+ Voice & Fax

« Encrypt Config

- Maintenance

+ Ping Test

+ Tracert Test

+ Signaling Call Test
« Network Capture

+ Debug Command

+ SDH Loop Test

+ Management

DINSTAR

Signaling Call Test

Source Trunk
Source Type PSTN Trunk v
PSTN Trnk o Eo—

Calling Number 0088

Called Number o ]

Signaling Trace

CC{ech: 1) <¢== CC_ST_SETUR, cr:1, calling: 10036, dial: 301,
mm_ok: 1, trunkGrpId: 2568, profileld: 255

[Tel2IPIMatch Route Suce! Index:511(123123)

CC{cch: 1) ==»> CC_ST_SETIF

3IP(cch:1) <<== CC_ST_SETUP

SIP(cch: 1) ==»> SIP_CALL_INVITE. local:sip: 10086@172. 29. B0. 42,

CC{ceh: 1} ¢<== CC_ST_SETUF_ACK

| Save | | Start| | Stop | | Clear |



Call failed DINSTAR

Management P eter
+ Status & Statistics
L e By 'WEB Configuration
— HTTP Pot
PRI Confi
. F I L E LO G [ s HTTPS Port 443
HTTPS Only O Yes ® No
HTTP HOST Checking
HTTP X Frame Options
L]
Test purpose:
[+ Number Manipulation System Parameter
H * Voice & Fax CPU Working Mode
When combining SIP and PRI/SS7 messages for
Maintenance
Mananement
~ = - 7 E1/T1 Call Limit Configuration
. . 0
analysis, filelog can be enabled I
! + CDR Parameter ECEETID P
+ Server Parameter Note: the maximum number of calls or the role of time is 0 on behalf of the function does not take effect!
° . « Cloud Server
I e st I ng m et o ° * NMS Server Access Control
+ Mail Server Web Allowed to access GE0 B Allowed to access GE1
+ SNMP Parameter Ssh Allowed to access GEO [ Allowed to access GE1 [J
1 C | . k t + Tacacs Parameter
Ck management- management parameter * R arance -
. I g - Remote Senver SYSLOG Configuration )
o P T SYSLOG Enable O Yes ® No
. . + Dala Restore FILELOG Configuration
2. Enable Filelog and check the box as shown in the T
. .
UEEER ) Log Type signal O system [ Management ([ Media
rmware Upload s -
. + User Account Management gnal Type siP sst PRI ot
d I a r‘a m + User Group Management FILELOG Level DEBUG
+ Password Modiication Save CDR O Yes ® No
0 LI NATS Server Config
+ Device Restart Enable NATS ‘.:‘ Yes @ No
3. Reproduce the problem
Enable Auto Close O Yes @ no
H anagemen : - : ——
4. Click management- Date Download, download
+ Database Lock Click 'Backup' to download Remote Log file to your computer.

+ CDR Parameter

. .
Slgnallng |Ogs :2;t:rsl:=:‘rz:|eter
+ NMS Server
+ Mail Server Call Log Download

+ SNMP Parameter
+ Tacacs Parameter Click 'Backup' to download Cdr file to your computer.

: Eadlu;s F'Sarammev Click 'Backup' to download Signal Log file to your computer l.
+ Remole Server

A ——— Click 'Backup' to download Media Log file to your computer.

+ Data Resiore

+ License Management

= Version Information Userboard Log

« Firmware Upload
+ User Account Management

["0-0Compress | [(0-1Compress | ['0-2Compress | ["0-3Compress |
+ User Group Management
+ Password Modification [ 0-4compress | ["o-5Compress | [ 0-6Compress | ["o-7Compress |
+ Auto Reset [ 1-oCompress | [ -1Compress | [1-2Compress | [1-3Compress |
O LR [ 1-4Compress | [[1-5Compress | [1-6Compress | [[1-7compress |
["2-0Compress | [2-1Compress | [[2-2Compress | ["2-3Compress |
[ 2-4compress | [ 2-5Compress | [ 2-6Compress | [ 2-7Compress |
['3-0compress | [(3-1Compress | ['3-2Compress | ['3-3compress |
\

[(3-4Compress | 3-5Compress | [[3-6Compress | [[3-7compress |
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problems & solutions for login
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Unable to log in with correct IP and password DiNsTaR

Check if the web port is correct
Click Management-Management
Parameter ,Enable Telent permission
Enter the MTG device IP and log in via
telnet

Enter the MTG login username and
password, enter the commands in
sequence according to the picture and
query the web port

http://ip: Port attempts to log in to

device

ER PUTTY Canfiguration

Category:
Sessu:n Basic options for your PuTTY session
: Logging Specify the destination you want to connect to
|- Terminal ) . -
—Hmsre— e esd s Bt
- Keyboard — ! =
el |172.28.50.30 [z
- Features Connectiopsivpes
- Window O Raw ORlogin OSSH (O Seral
Appea.rance Load, save or delete a stored session
- Behaviour
.. Translation Saved Sessions
- Selection | 50.30 |
CDID.L"S Defauh Settings Load
=I- Connection
- Data 5 133 f 3
- Telnet Delete
- Rlogin
+-55H
- Seal Clnse window on ext:
O Mways () Never Only on clean exit
About Help Cancel

=239)

+ Management Parameder
+ COR Parameler
+ Server Parameler
+ Cloud Server

+ NS Sener

+ Mal Server

+ SHMP Paramedr
+ TRIED Parameler
+ Ratils Paramely
+ Remole Senver

+ Daia Downad

+ Daa Resiore

+ Licanse Manag

Wanagemen! Parameter

WEB Configuration
HTTP Por
HITPS Pot
HTTPS Orly
HTTRHTTPS HOST Checking

HTTPITTPS X Freme Options

StictTranspor Securty

Telnet Configuraton
Tehel Pt

E1 Call Limit Confiquration
Mazimum Numer OF Cals
Efecie Time

otz the masimum umber ofcall o e ol o time i on bealfofhe inclon s nat ke efe

Access Control

Sh

SYSLOG Configuraton




Unable to log in with correct IP and password DiNsTaR

« Telnet View ACL
Enter the MTG device IP and log in via telnet

1. acl set: check if the corresponding
network port web access permission is
enabled

2. acl show : check if the device has
restrictions on IP addresses for web
login and telnet access

3. acl black show :View Access Blacklist
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