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HANLONG Hanlong Technology Co., Ltd

Unicorn60x0 IP ANALOG GATEWAY — 3CX CONFIGURATION

BASIC CONFIGURATION OF THE Unicorn60x0 WITH 3CX

Due to the various deployment possibilities of the Unicorn60x0 and 3CX, this configuration
represents a basic Unicorn — 3CX configuration as using SIP Accounts. Individual
configurations can be customized and may slightly differ from either of these basic
configurations.

METHODS OF CONFIGURATION

Configure the Unicorn60x0 with SIP accounts in 3CX; this will enable you to configure the
Unicorn60x0 behind a NAT/firewall (used for one-stage and two-stage dialing).

Please reboot your system prior to making test calls.
SIP ACCOUNTS CONFIGURATION
Configure the SIP Accounts for the Unicorn60x0

a) Lines -> Add PSTN -> Choose a Gateway model select “Generic Gateway Device” ->
Name, input such as “hanlong unicorn6080”

| ] Hanlong Technology Devices Confe | '] Hanlong Technology Devices Conf:- | ] 3cT - Add VOIP Gateway [

3CX BEERIGE

with a software based PBX for Windows

¥ Phone System ) Add VOIP Gateway HOME | Lot
Line Status Configure & %OIP gateway in order to make and receive calls from PSTN phone lines . More =
Server Status
Active Calls YOIP Gateway
F Extensions )
add 'fJ Settings page. The custom templates wil then be avsilable for advanced configuration
Manage
b Lines Hame ‘hanlong unicornf0s0
Add PSTH Choose a Gatew ay mocel ® } Fenetic Gatewsy Device Custom Generic Gatewsay Device
Add wOIP O £3 AudioCodes MP-114 4-port Analog FAO
2\33 S'CDK_W_M bridge O 3 AudioCodes MP-118 8-port Analog FXO
anage O €L ClipComm CG-410 4-port Analog FrO
» Outbound Rules O GrandStream GHIN-4104 d-port Analog FAC
Add Rule « O GrandStresm GHW-4108 8-port Analog FHO
Manage Q GrandStresm Handy Tone 438 1-port Analog FHO
. L O ! Linkzys SPA-3102 1-port Analag FXO
» Digital Receptionist O M e digtrix MDD-1402 2-Part BRI ISDN
Q::aga O TR Patton SH-4112 2-Port Analog FXO
) advanced D iﬁ ;?I:)n SM-4114 d-port FXO (Firmware 4-Port Analog FXO
Add Ring Graup O B Patton SN-4114 4-part FXO 4-Port Analoy FXO
a::acgaa\l CieLs O 'Ei ;?lf)n SM-4524 d-port FXO (Firmware 4-Port Analog FXO
» General O 'EE Patton Sh-4524 LC0UEL 4-Port Analog FXO, 2-port Ethernet
Admin Credertials [ ] fi Patton Sh-4552 1-port ISDMNERI 1-Part BRI ISDN
General Settinc pm_ Patton Sh4 554 2-port ISDM/ERI
12

Click “Next™:
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| ] Manleng Technology Davices Conf-

| ] Hanlong Technology Devices Conf-r

¥ Phone System
Line Status
Server Status
Active Calls

b Extensions
A
Manzage

b Lines

Add PSTH
Add WOIP
Add DID

Manzage

b Dutbound Rules

Add Rule
Manzge

Add
Manzge
b Advanced

Add Ring Group
Add Call Gueue
Manage

b General

Admin Credentials
General Settin

3CX

Add 3CK-0-3CH bridge

F Digital Receptionist

breakfree #*

with a software based PBX for Windows

b Edit VoIP Gateway

Define gateway properties here

| ] 3CX - Gateway Configuration EJ

HOME | LOc

¥OIP Gateway = hanlong unicorn6080

Gateway Hostname or [P

Gatewsay Port (detfault is S060)

Mumber of ports

Type

Registration settings >>>

Gateway capabilities >>>

Location of destination number =2

Source Identification >

Gateway f Provider Dutbound Parameters >>>

Gateway f Provider Inbound Parameters ==

[ <Back | [ Wext> |

12

“Gateway Hostname or IP” input Hostname or IP of unicorn6080

“Number of ports* input “1”

“Type” select to “Analog”

Click “Next”

3CX.

‘hone System
dne Status

server Status
setive Calls
ivtensions
sild

Aanags

ines

tdd PSTM

sdd VoIP

tedd DID

teld JTHA-3CH bridge
Aanags

lutbound Rules

tdd Rule

danage

rigital Receptionist
teld

danage

wdvanced

sdd Ring Group
tdd Call Quele
danage

ieneral

tdmin Credentisks
seneral Settings

breakfree #*

with a software based PBX for Windows

b Add WoIP Lines: Create lines

The following lines will be created inthe "Manage Lines" screen. You can edit the line number and authentication settings before they are crested. Note that the
External Line number iz used for identification purposes, and the internal line number is used by 3CX Phone System to address the line connected to the port on
the WOIP Gatevvay. Thereforethe Internal Line Mumbet range should be different from the extension number range. You can configure to which extension
incoming calls should be routed based on whether they are inside or outside office hours (inbound route]

Inbound Route

(N AETE] Authentication ID EEAREE channels | Direction |Identification .
| el | e fr—T -
Day Night
«© I
s O
1 O [20001 | [10001 | (10001 e | e v[10001

HOME | LOGOUT

< Back Next >

&

“Inbound Route” Select extensions which receive call from PSTN
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Click “Next”

3CX EEESICEN S

with a software based PBX for Windows

} Phone System b Create Dutbound Rule HOME | L
Line Status Outhound Call Rules allow you to define which PSTH lne(s) or YOI provider outhound calls should be placed an
Server Status
Active Calls
General
¥ Extensions
Rule Mame Rule for hanlong unicornS0sS0
At
Manage
b Lines Apply this rule to these calls
«
igg \PrSoTlg I’J Defing to which calls this rule must be spplied. This can be based on the number being dialed or the extension which is making the call. bore =
Add DID i - 5
Actel 3CH-t0-3CK bridge Calls to Mumbers starting with (Prefix) |O

Manage
Calls to Mumbers with a length of |

¥ Dutbound Rules

Add Rule

Manage Make Dutbound Calls on

) Digital Receptionist 6 You can configure up to 3 routes for calls to go out on . Mars =

Al
Manage Route 1 ‘hanlonz unicornEds0 bt

Strip Digits l:l Prepend
b Advanced
Rote 2 Strip Digits Prepend
Actd Ring Group ‘ ¥ b Dig i

v
Add Call Gueus
-

Manage Route 3 ‘ v_| Strip Digits Prepend

b General

Setmin Credentials [ Finish | [ skip |
General Settings

FERY

Click “Finish”

3CX EEENICENES

with a software based PBX for Windows

} Phane System ) Gateway Created
Line Status Line=s 10001to 10001 have been created for hanlong unic orné 680
Server Status
Active Calls You will need to enter these settings into the VOIP Gateway:
} Extensions Froxy server IF or FGDN: 192.168.0.169:5060
Etels]
Wiai e Line 10001
Internal number: 10001
F Lines W Authentication I0: 10001
add PETH Authentication Password. 10001
:SS ;I%IP For a detailed description how to do this for popular gateways
Ao 3CHA0-3CH bride
hanage

F Dutbound Rules
Acled Rule
Manage
b Digital Receptionist
Aol
Manage
b Advanced

Add Ring Group
Add Call Gueue
Manage

» General

Admin Credertials
General Seftings

SERE

Lines -> Manage -> Click “10001" -> Line(s) Configuration -> Other Options -> “Maximum
simultaneous calls” change to “8”.(When use Unicorn6080) or “4”"(When use Unicorn6040)
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) Phone System ) Line(s) Configuration
Line Status Enter the details of your voip provider sccount and configure line and routing options.
Server Status
#ctive Calls PSTN Line No 10001 on hanlong unicorn6080
} Extensions
i External Mumber | 10001 |
Manage L
Authentication 1D |10001 |
b Lines «
aclel PSTH Authentication Password |..... |
Add WOIP
Acdd DID
Adde 3CK40-3CK bridge Route inbound calls in office hours to >>>>
Manage
Route inbound calls out of office hours to >
} Dutbound Rules
add Rule Route FAX Calls ===
Manage DOther Options <<<
) Digital Receptionist i’_
Add ) Specity ather options for this line. More =
Manzge
Internal FMumber (Use different range as extension range |10001 |
} Advanced
Aol Ring G roUp CQutbound Callar 1D |10001 |
Add Call Gueue
Manage Allow outhound calls on this line
b General | | snswer incoming calls on this line
Admin Credentials
General Settings Maxitnum simutaneous calls |8 |
Phone book
Get 3CH WOIP Client
Activate Licence [ f):4 ] [ Cancel ]
System prompts
Vi A Lk
click “OK”
P Line Management HOME | LOGOUT

Edit lines by clicking on the corresponding lines. Mare =

2 ¥ ¥ %Y 72 X

@:
=

PSTN
Add PETH Aodd WOIP Add DID Ad Edit Selected Delete = elected Manage Office hours
BCHA0-3CH Gateways &
bridge Providers
Gateway -
. . Virtual Gateway /Provider _ . . Office Hours
Identification s - Direction Channels
extension MName Provider
/DID Open |Closed
|:| 10000 10000 unicormE040_1 Gatewway both 4 Mo Fax 2000 2000
D 10001 10001 hanlong unicornB0s0 Gateway both g Mo Fax 2000 2000

b) On the Unicorn60x0, enter a SIP server IP address or FQDN under the Profile 1 web
configuration page.

Under FXO PORTS web configuration page set the following:
PROFILE OPTIONS ->Ports Using The Profile Share With One Common Account

» |If set to “Yes”, Unicorn60x0 will use the first account among the FXO
PORTS of using the same profile.
» |If set to “No”, you need configure one port one account in FXO PORTS

page.
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PROFILE OPTIONS -> Auto Select Idle Port (For Outgoing Call).

> If set to “Yes”, Unicorn60x0 will auto-select an idle Line to make
outbound call to PSTN.

» If set to “No”, you need configure one port one account in FXO PORTS
page, then it is the business of 3CX that it decide which idle FXO Port
for outbound call.

IRccount Active o Coves

|SIP Server || (e.g., sip.company.com, or IP address)
|0ulhnund Proxy || (e.g., proxy.provider.com, or IP address, if any)
|N.n.T Traversal | Cho  po, butsend keep-alive © STUR T UPNP

Ports Using The Profile Share

\With One Common Account “No ©oves

Auto Select Idle Port (For - ~
Outgoing Call) Mo es

PROFILE OPTIONS ->Caller ID Transport Type -> select “Relay via SIP From”

|Ca|ler 1D Transport Type |§Relay wia SIP From v

“Unconditional Call Forward to VOIP” to forward incoming PSTN calls to. Using 3CX
configuration, example, this would be 2000.

Sip Destinatian

User D Sip Server Fort

Unconditional Call Farward to

WOIP
2000 @ 192, 165. 0. 169 5060

¢) Under the FXO Port web configuration page, enter the SIP User IDs, Authentication IDs,
and Authentication passwords as well as their corresponding profiles.

10001 10001 ik Profilel
Profilel
Profilel
Profilel
Profilel
Profilel
Profilel
Profilel

OIN|O|OA|PR|WIN]|PF

So, all call from PSTN will be forward to extension which user id is 2000. When extensions dial
“Oxxxx.”, the call will be routed to Unicorn60x0; Unicorn60x0 will select an idle line call to
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OTHER GENERAL SETTINGS

A. PSTN Settings

The following fields need to be set according to the PSTN Service provider (or PSTN PBX):

1. Call Progress Tones located under the SUPER OPTIONS page (Dial Tone,
Ring-back Tone, Busy Tone, Reorder Tone, and Confirmation Tone). These
should be set according to the PSTN Service Provider or PSTN PBX that you are
using with the gateway. The format and syntax are shown on the web GUI. By
default, they are set according to North American PSTN settings.

2. Caller ID Scheme located under FXO Lines Web Configuration page. There are five
different options to choose from: Bellcore, ETSI_RING, ETSI_TAS, DTMF and

NTT.

For Caller ID detect, It is important to set Caller ID Scheme of FXO.

Volume Amplification % 0dB default v| Rx[0dE default v

[PSTN AC Termination | 600 Obn (North Anerica)

| impedance

|CaIIBrID Scherme |§Bellcore/Telcordia

Bellcore,/Telcordia

ETSI-FSK during ringing

ET3I-FSK prior to ringing with DTAS
ETSI-FSK prior to ringing with LR
ETSI-FSK prior to ringing with EP
ETSI-DTMF during ringing

ETSI-DTMF prior to ringing with DTAS
ET3I-DTMF prior to ringing with LE
ETSI-DTMF prior to ringing with EP

|Ca|ler 1D Minimum Rx Level (dB)

|Ca|lerID Transport Type

|F'IN for PSTM Calls

|PIN forWQIP Calls

Unconditional Call Farward to

0 PSTH numbers from YOIP, no defaulf)

g YQIP terminals from PSTR, no default)

will be forwarded to the specified PSTN

PETH
SIN 227 - BT
NIT Japan Sip Destination
Unconditional Call Forwatdto | BTST-FSE(always detect) L Fort
WOIP ETSI-DTNF ( always detect) | 200
’ SavelSet l [ Feboot

All Rights Reserved Hanlong Technology

0, LTD. 2005-2

B. DTMF Methods (to be used ONLY for PSTN to VOIP calls, not for VOIP to

PSTN).

The gateway allows several combinations of DTMF sending methods from PSTN to VolP.

DTMF Method Flexible DTMF transmission method, User interface of In-audio, RFC2833,

and/or SIP Info
DTMF Settings are in Profile pages.

» DTMF in-audio: Send DTMF as in-band (in-audio).

» DTMF via RTP (RFC2833): Send DTMF via RTP (According to RFC 2833).
» DTMF via SIP INFO: Send DTMF via SIP INFO message.

www.hanlongtek.com
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Please ensure the DTMF methods you set match those enabled on 3CX. RFC2833 is the
recommended method,;

C. NAT Settings

1. If you place the gateway within a private network behind a firewall, we recommend
using a STUN Server. In the STUN Server field under the Advanced Settings web
configuration page, enter a STUN server IP or FQDN. You can find free public
STUN servers on the internet. Set NAT Traversal (STUN) under the Profile web
configuration pages to Yes.

2. Depending on your network settings, you may set the Use Random Port setting
under the Advanced Settings web configuration page to Yes or No. If using a
public IP address, set this setting to No.

D. Preferred Vocoder (Codec)
Under the Profile Web Configuration pages, you can choose from five different codecs:
1. PCMU (or G711u)
2. PCMA (or G711a)
3. G729A/B
4.G723.1

Please ensure that the codecs you set match those enabled on 3CX. Codecs may be enabled
system-wide in 3CX or for specific users.

MAKE A TEST CALL

After configuring the Unicorn60x0, reload the chan_sip.so module and the extensions in 3CX,
or simply restart the service. The commands vary depending on the version of 3CX. Update
the changes made to the Unicorn60x0 and reboot the device. You may now place inbound and
outbound test calls to test your configuration.
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