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Backup and Restore
t Create a New Backup g Upload a Backup

List Of Previous Configuration Backups

Options
1 backup_2013feb26_215413.ar Tue Feb 26 5:54:08 2013 = @ x
(v
Figure 5-12

To restore the backup package, please click "Upload a Backup", then upload it
from your local PC.

Upload a Backup

Please choose a tar file.The file size must not be larger than 1.8MB.

Choaose File to Upload: |
v Upload z Cancel

Figure 5-13

Note:
1. Please make sure the file size must not be larger than 1.8MB.

2. When you have updated the firmware version, it's not recommended to
restore using old package.

5.3.4 Reset and Reboot

Reset and Reboot Options
Reboot System

Reboot System

Warning: Rebooting the system will terminate all active calls!

‘" Reboot
Reset to Factory Defaults.

Reset to Factory Defaults

Warning: A factory reset will erase all configuration data on the system.
Please do not turn off the system until the RUN light begins blinking. Any power interruption during this time could cause damage to the system.

Reset to Factory Defaults

Figure 5-14
:Reboot System
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Warning: Rebooting the system will terminate all active calls!

‘Reset to Factory Defaults

Warning: A factory reset will erase all configuration data on the system.
Please do not turn off the system until the RUN light begins blinking. Any power
interruption during this time could cause damage to the system.

5.3.5 Firmware Update

Upgrading of the firmware is possible through the Administrator web interface
using a TFTP Server or an HTTP URL.

Enter your TFTP Server IP address and firmware file location, then click start to
update the firmware

Note:

1. If enabled "Reset configuration to Factory Defaults"”, the system will restore
to factory default settings.

2. When updating the firmware, please don’t turn off the power. Or the system
will get damaged.

3. For more information about the steps to update the firmware, please refer to
this link:
http://www.yeastar.com/download/NeoGate_TE200_FirmwareUpgrade_en.pdf

Figure 5-15
6. Gateway

6.1 Digital Trunk

On this page we can configure the details of E1 trunk, before configure anything,
please make sure the cable is fine, and you have got enough information from
the ISDN provider.
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Prefix you have set here will be added before the CID. So you can know this is
an international call before you answer it.

‘National Prefix

When there are national calls coming in via this BRI trunk, the National Prefix
you have set here will be added before the CID. So you can know this is a
national call before you answer it.

‘Local Prefix

When there are Local calls coming in via this BRI trunk, the Local Prefix you
have set here will be added before the CID. So you can know this is a local call
before you answer it.

‘Private Prefix

When there are Private calls coming in via this BRI trunk, the Private Prefix you
have set here will be added before the CID. So you can know this is a Private call
before you answer it.

‘Unknown Prefix

When there are calls with unknown number coming via this BRI trunk, the
Unknown Prefix you set here will be shown as the caller ID.

5) DOD Settings

DOD (Direct Outward Dialing) means the caller ID displayed when dialing out,

before configure this, please make sure the provider supports this feature

Global DOD
Global direct outward dialing number.

6.2 VOIP Settings

In this page, we can create VoIP trunk and the trunk group for routing, and
some SIP settings and the general preferences.

6.2.1 VOIP trunk

There are 3 types of trunks listed in this page, Account, Trunk and Service
Provider.

0
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VolP Trunks

» VoIP Trunks

=)= Add VoIP Trunk

Transport HostnameflP
Account1 Account udp = / ] l\
Account2 Account udp - / | l‘\
Yeastar Trunk udp 192.168.4.141 [#] (x
Support Service Provider udp 192.168.5.101 £ x
Figure 6-3
1) Account

Its an SIP account created in TE200 so that the other devices can register SIP
trunk at their side using these information.

Add New Account X

General " Advanced ]

Trunk Type: |Accnum EI

MName: | |

Account: | |

Password: | |

o Save | |3& Cancel
Figure 6-4

*Trunk type:
Choose the type of trunk, for example "Account".

‘Name:
Input the name of this account trunk.

Account:
Design the account for other device to register to.

Password:
Design the password for other device to register to.

«Caller ID:
Design the caller ID to dial out via this account.

g
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2) Trunk

It's a SIP trunk configured in TE200 to register to the SIP provider, please make
sure this trunk is working fine in advance with provider before configuring
TE200.

Add New Trunk X

General ” Advanced |

Trunk Type: | Trunk |Z|
Provider Name:
Hostname/|P: 15060
Domain:
User Name:
Authaorization Name:

Password:

o Save | @& Cancel

Figure 6-5
‘Provider name:
A unique label to help you identify this trunk when listed in outbound rules,
incoming rules etc. E.g. "yeastar".

‘Hosthame/IP:
Service provider’s hostname or IP address. 5060 is the standard port number
used by SIP protocol. Don’t change this part if it is not required.

‘Domain:
VoIP provider’s server domain name.

‘Username
User name of sip account, which is used for sip trunk registration.

Authorization name
Used for SIP authentication. Leave this blank if not required.

Password
Password of SIP account.

3) Service provider
This is service provider trunk (peer to peer mode), which authorized using IP
address only. If you have got a trunk with IP address only, please choose this

type.

g
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Add Service Provider X

General ” Advanced }

Trunk Type: |Ser\ﬂ'ce Provider |Z|

Provider Mame: | ‘

Hostname/IP- | | :|5[JE[]

o | Save | [3& Cancel

Figure 6-6
*Trunk type:
Choose "Service Provider" type.

‘Provider Name
A unique label would help to you identify this trunk. E.g. "Provider2".

Hostname/IP

Service provider’'s hostname or IP address.

Note: 5060 is the standard port number used by SIP protocol. Don’t change this
part if it is not required.

6.2.2 SIP Settings

SIP Settings

| General | NAT | Codecs | QOS | Advanced Setiings |

i

UDP Pont@: 5060
[] Enable  TCP Port®: 5060

[ Enable  TLS Pon®: 5061
RTP Port Start: |10000
RTP Port End: |12000
DTMF Mode®:
Max Registration/Subscription Time® -
Min Registration/Subscription Time®:
Default Incoming/Outgoing Registration Time®:
Register Aﬂempls@ :
Register Timeout®:
Calling Channel Codec Pn'urily@: S
DNS SRV Look Up@:
User Agent@ :

o

Z| [ =N = w|[a][=2]=
I IR
= e
W
(L]
<< <

 Save 2 Cancel

Figure 6-7

g
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1) General

‘UDP Port
Port use for sip registrations, Default is 5060.

-TCP Port
Port use for sip registrations, Default is 5060.

-TLS Port
Port use for sip registrations, Default is 5061.

‘RTP Port Start
Beginning of RTP port range.

‘RTP Port End
End of RTP port range.

‘DTMF Mode
Set default mode for sending DTMF. Default setting: rfc2833.

‘Max Registration/Subscription Time
Maximum duration (in seconds) of a SIP registration. Default is 3600 seconds.

*Min Registration/Subscription Time
Minimum duration (in seconds) of a SIP registration. Default is 60seconds.

:Default Incoming/Outgoing Registration Time
Default Incoming/Outgoing Registration Time: Default duration (in seconds)
of incoming/outgoing registration.

‘Register Attempts
The number of SIP REGISTER messages to send to a SIP Registrar before giving
up. Default is 8 times.

‘Register Timeout
Number of seconds to wait for a response from a SIP Registrar before timed out .
Default is 20 seconds.

:Calling Channel Codec Priority
Once enabled, when dialing out via SIP/SPS trunks, the codec of calling channel
will be selected in preference. If not, TE200 will follow the priority in your

SIP/SPS trunks.

‘DNS SRV Look Up

0
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Please enable this option when your SIP trunk contains more than one IP
address.

‘User Agent
To change the user agent parameter of asterisk, you should change it if needed.

2) NAT

Note: Configuration of this section is only required when using remote registry.

SIP Settings

General NAT Codecs Qos Advanced Settings
Note: Configuration of this section is only required when you use remote extensions.

Enable STUN:
STUN Address:
STUN Port:
External IP Address@ -
External Host®) -
External Refresh Interval®@ -
Local Network Identification® -
NAT Mode®: [yes  [7]
Allow RTP Re-invite® - |yes [~

 Save | & Cancel

Figure 6-8

‘Enable STUN
STUN (Simple Traversal of UDP through NATS) is a protocol for assisting devices
behind a NAT firewall or router with their packet routing.

:STUN Address

The STUN server allows clients to find out their public address, the type of NAT
they are behind and the internet side port associated by the NAT with a
particular local port. This information is used to set up UDP communication
between the client and the VOIP provider and so establish a call.

‘External IP Address
The IP address that will be associated with outbound SIP messages if the system
is in @ NAT environment.

‘External Host

Alternatively you can specify an external host, and the system will perform DNS
queries periodically.

This setting is only required when your public IP address is not static. It is
recommended that a static public IP address be used with this system. Please
contact your ISP for more information.

g
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:External Refresh Interval

If an external host has been supplied, you may specify how often the system will
perform a DNS query on this host. This value is specified in seconds.

:Local Network Identification

Used to identify the local network using a network number/subnet mask pair
when the system is behind a NAT or firewall.

Some examples of this are as follows:

"192.168.0.0/255.255.0.0": All RFC 1918 addresses are local networks;
"10.0.0.0/255.0.0.0": Also RFC1918;

"172.16.0.0/12": AnotherRFC1918withCIDRnotation;
"169.254.0.0/255.255.0.0": Zero conf local network.

Please refer to RFC1918 for more information.

‘NAT Mode

Global NAT configuration for the system. The options for this setting are as
follows:

Yes = Use NAT. Ignore address information in the SIP/SDP headers and reply to
the sender's IP address/port.

No = Use NAT mode only according to RFC3581.

Never = Never attempt NAT mode or RFC3581 support.

Route = Use NAT but do not include report in headers.

‘Allow RTP Reinvite

By default, the system will route media steams from SIP endpoints through
itself. Enabling this option causes the system to attempt to negotiate the
endpoints to route packets to each other directly, bypassing the system. It is
not always possible for the system to negotiate endpoint-to-endpoint media
routing.

3) Codecs

SIP Settings

General NAT Codecs Qos Advanced Settings

Available Codecs Allowed Codecs

SPEEX u-law
G722 »p a-law
G726 GSM
ADPCM — H261
GT29A H263
MPEG4 — H263P

H264

L4 4

G.729 License Key :

Note: If you would like to use G.729, please enter your license key above.

« Save | € Cancel

Figure 6-9
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A codec is a compression or decompression algorithm that used in the
transmission of voice packets over a network or the Internet.

u-law: A PSTN standard codec, used in North America, which provides very
good voice quality and consumes 64kbit/s in each direction (receiving and
transmitting) of a VoIP call.

a-law: A PSTN standard codec, used outside of North America, which
provides very good voice quality and consumes 64kbit/s in each direction
(receiving and transmitting) of a VoIP call.

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

SPEEX: Speex is an Open Source/Free Software patent-free audio
compression format designed for speech. The Speex Project aims to lower
the barrier of entry for voice applications by providing a free alternative to
expensive proprietary speech codecs. Moreover, Speex is well-adapted to
Internet applications and provides useful features that are not present in
most other codecs.

G.722:G.722 is a wideband speech coding algorithms which supports the bit
rate of 64, 56 and 48kbps wideband. It's a broadband voice encoding of G
series.

G.726: A PSTN codec, used worldwide, that provides good voice quality and
consumes 32kbit/s in each direction (receiving and transmitting) of a VoIP
call. G.726 is supported by some VoIP phones.

ADPCM, G.729A, H261, H263, H263p, H264,MPEG4.
Note: If you would like to use G.729, please enter your license.

4) QOS

SIP Settings

General NAT Codecs Qos Advanced Settings

Tos SP Cos P
Tos Audo Cos Audio

o Save | 3£ Cancel

0
7¢ Yeastar 33/42



NeoGate TE200 User Manual

Figure 6-10

QoS (Quality of Service) is a major issue in VOIP implementations. The issue
is how to guarantee that packet traffic for a voice or other media connection
will not be delayed or dropped due interference from other lower priority
traffic. When the network capacity is insufficient, QoS could provide priority
to users by setting the value.

5) Advanced Settings

SIP Settings

General NAT Codecs Qos Advanced Settings

Fram Field: |From v
To Field: |INVITE v
180 Ringing: [
Remote Party D& [ send [ trust
Allow Guest®: |[No v
Pedantic® . |MNo ¥
Session-timers@: |Accept ~
Session—expires@: 1800 s
Session-minse® . |90 S
Session-refresher: | Uas v

o Save | ¥ Cancel

Figure 6-11
From Field
Where to get the caller ID in sip packet.

*To Field
Where to get the DID in sip packet.

»180 Ringing
It is set when the telecom provider needs. Usually it is not needed.

‘Qualify
Send check alive packets to the sip provider.

‘Remote Party ID
Whether send Remote-Party-ID on SIP header. Default no.

Allow Guest

Whether allow anonymous registration extension. Default: no.
This option is used to avoid some anonymous calls by hackers.

g
7¢ Yeastar 34/42



NeoGate TE200 User Manual

Pedantic
Enable pedantic parameter. Default: no.

-Session -timers
Enable sesstion-timer mode, default: yes.

-Sesstion-expires
The max refresh interval.

-Sesstion-minse
The min refresh interval, which mustn't be less than 90s .

-Sesstion-refresher
Choose sesstion-refersher, the default is Uas.

6.2.3 Trunk Group

Trunk group is a new feature that allowed adding some trunks into a group,
which we can use it in the "routing rules".

Trunk Group

b Trunk Group@

+ Add New Trunk Group

Group Name Group Members
Support Suppori-Yeastar / A
Figure 6-12

Click "Add New Trunk Group".

g
7¢ Yeastar 35/42



NeoGate TE200 User Manual

New Trunk Group X

Group Name - | |

Group Members
Avaliable Trunks Selected

Account2(Account)
Yeastar(Trunk) )
Support{Service Provider)
Account1{Account) .

L84

o Save | & Cancel

Figure 6-13
Group name
Input the name of this group.

Group members
All the SIP trunk you created will be listed here, please choose the approperate
trunk to the right side as a group.

6.2.4 General Preferences

This is the general preferences of TE200

General Preferences

General Preferences

MAX Call Duration© - 6000 s
HTTP Bind Port &

Figure 6-14
.MAX call duration
The absolute maximum amount of time permitted for a call. A setting of 0
disables the timeout. Default value is 6000s.
HTTP bind port/Web Access Port

Port to use for HTTP sessions. Default: 80
Note: please reboot the system to take effect.

6.3 Routes Settings

There are two default routes to route the calls from E1 to SIP and SIP to E1.
In this page, we can route the call from one trunk to another trunk or a trunk

g
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group.

Routes List

» Routes List

<= Add New Route

DD Number Outbound Dial Pattern Inbound Caller Pattern
E1 to_SIP _ X X £ [
SIP_to_E1 - X X 4 x
Figure 6-15

6.3.1 Route List

Click "edit" to check the details, there are two modes for you.

1) Simple mode

Edit Route X
Simple Mode:

Route name®®: [E1_to_SIP |

Match Incoming Calls:

Call Comes in From | Trunk — E1Trunk? v

Handle Matched Incoming Calls:

Send Call Through: |Accnu nt - Account1 W

o Save g€ Cancel

Figure 6-16

Route name:
A name for this route.

Match incoming calls:
Choose the trunk or trunk group for the incoming calls

Handle matched incoming calls:
choose the trunk or trunk group to route the incoming calls to.

g
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2) Detailed mode

Detailed mode can be accessed to by choosing "No" for "Simple mode".

Edit Route X

Simple Mode:

Route name®: |E1_to_SIP |

Match Incoming Calls:

Call Comes in From | Trunk — E1Trunk1 M

Inbound Caller Pattern® - |X. |
DID Number®d - | |
DID Associated Number®d - | |

Handle Matched Incoming Calls:

Send Call Through: | Account — Accounti v|

Outbound Dial Pattern®@ - | X. |

Siripﬁ: I:ldigitals from front before dialing
Prepend these digitals@: l:lhefure dialing

o Save | |3 Cancel

Figure 6-17

Route name:
A name for this route.

Match incoming calls:
Choose the trunk or trunk group for the incoming calls.

Inbound caller pattern:
Match the prefix of caller ID for incoming calls.

X: Any Digit from 0-9

Z: Any Digit from 1-9

N: Any Digit from 2-9

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

The "." Character will match any remaining digits. For example, "9011". will
match any phone number that starts with "9011", excluding "9011" itself.

The "I" will match none remaining digits, and causes the matching process to
complete as soon as it can be determined that no other matches are possible.

Example 1: NXXXXXXwill match any 7-digit phone number.

g
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Example 2: 1INXXNXXXXXwill match a phone number starting with a 1,
followed by a 3-digit area code, and then 6-digit number.

DID number:

Define the expected DID Number if this trunk passes DID on incoming calls.
Leave this field blank to match calls with any or no DID info. You can also use
pattern matching to match a range of numbers.

DID Associated Number:

Define the extension for DID number. This field is only valid when you use BRI,
SIP, SPS or SPX trunk for this inbound router. You can only input humber and
*-Yin this field, and the format can be xxx or xxx-xxx. The count of the number
must be only one or equal the count of the DID number.

Handle matched incoming calls:
choose the trunk or trunk group to route the incoming calls to.

Outbound Dial Pattern

Outbound calls that match this dial pattern will use this outbound route. There
are a number of dial pattern characters that have special meanings:

X: Any Digit from 0-9

Z: Any Digit from 1-9

N: Any Digit from 2-9

[12345-9]: Any digit in the brackets (in this example, 1, 2, 3,4, 5,6, 7, 8, 9)
The “.” character will match any remaining digits. For example, “"9011.” will
match any phone number that starts with "9011”, excluding "9011"” itself.

The “1” will match none remaining digits, and causes the matching process to
complete as soon as it can be determined that no other matches are possible.

Example 1: NXXXXXX will match any 7-digit phone number.
Example 2: INXXNXXXXX will match a phone number starting with 1, followed
by a 3-digit area code, and then 6-digit number.

Strip digits from front before dialing

Allows the user to specify the number of digits that will be stripped from the
front of the phone number before the call is placed. For example, if users must
press 0 before dialing a phone number, one digit should be stripped from the
dial string before the call is placed.

Prepend these digits before dialing

These digits will be prepended to the phone number before the call is placed. For
example, if a trunk requires 10-digit dialing, but users are more comfortable
with 7-digit dialing, this field could be used to prepend a 3-digit area code to all
7-digit phone numbers before calls are placed.

0
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6.3.2 Blacklist

Blacklist is used to block an incoming/outgoing call. If the number of
incoming/outgoing call is listed in the number blacklist, the caller will hear the
following prompt: “The number you have dialed is not in service. Please check
the number and try again”. The system will then disconnect the call.

Blacklist

= Add Blacklist

Blacklist Type
15260221327 Both (X

Figure 6-18

We can add a number with the type: inbound, outbound or both

Add Blacklist X

MNumber - |

Type

o Save #& Cancel

Figure 6-19

Click

g
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8. Application

Application 1

Analog ph &7 Mobi
nalog phane Mabile phone

_
3_'._::_‘-\. y
-da ) @
R 2 1a]a]ala] Analog phone

@ NeoGate TE200 Provider
=—
—_— 1P Phone

Figure 8-1

Application 2

Analeg phone % - @ Analog Phone
=y
IP Phone ~

r b [P Phone

ooopon

NeoGate TE200 NeoGate TE200
PBX Internet

Figure 8-2

<Finish>
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