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1. Register Extensions.

1.1. Create Extension

Default Extension Range:

2020-03-23 16:52:53 Welcome:
Extensions
o] Preference
Status
Trunks
Call Control
General
all Features
Max Duration (s 6000
Record Settings
Attended Transfer Caller ID Transferor B
Voice Prompts
Extension Preferences
Maintenance Auto Provisi
User Extensions 1000 — 5899 |
Ring Group Extensions 6200 6299
Paging Group Exensions 5200 6309
Conference Extensions 5400 6499
IVR Extensions 6500 6599
SIP Settings Que 6700 _ {6799
Voicemail
L I L
1.1.1. Create single extension
= 2020-03-23 17:13:54 Welcome: Language
I Extensions Ext s @
I xtensions
status N\
[ Extension Outbound Restriction Type  Call Group CEAIl  CF_Busy CF_NoAnswer i DND Enabled
Trunks 1000 False FXS. Faise False False  False  True
1001 False FXS False False False  False  True
Cktoatiof [ 1002 False sP False False False  False  True

Call Features

Record Settings

F
Maintenance

Create Extension with account and password.




2020-03-23 17:12:14 Welcome: Language

Extensions

Enxte

General

Trunks

. Tipe
Call Control

Add Extension m m

For registeration

Extension
Call Features

Password *

Record Seftings

Enabled True EI

Max Registrations 3

Effective Caller ID Number

Voice Prompts
UserlInfo

g For management Access

Auto Provision
Name *

1003

User Password ™ sssscsse |

ature C
Feature Code Voicemail Mail To

Phone Book Prompt Language

Preference

Add CODEC

False
Absolute Codec String

Available

PCMU

PCMA

GSM

G729

G722

G723

G726

speex

AMR X

Reqgister Seftings

Auth ACL

Force ping False

User Agent Filter

Call Settings

Call Tim

ut (s) 10

Max Call D

6000

System Default B

- SIF Bypass Media

B

Wobile Number

Proxy Media v

Selected

I3 N N EX

Sip Expires Max Deviation (s) 0

SIP Force Expires (s

Outbound R

Extension Trunk

1.1.2. Mass/bulk create extensions

=]

False v

False ¥

Start extension + numbers of extension to be created + fixed password.



2020-03-23 17:07:53 Welcome: Language

Extensions
Hlension Bulk Add Extension (P

L]
Status

s General
Type ™ )SIP
call Control " °
Start Extension ™ 1010 | Enabled True B
Call Features
[[Create Murmoer 5 | "efET S Bxtension|id sequence
Record Seftings
Registration Password ™ Fed H
Voice Prompts
Fied Password * 1234
Ain Sropcn Effective Caller ID Number
Feature Code Uil
Phone Book Voicemail Mail To Mobile Number
Preference PromptLanguage System Default B
Select CODEC
Bulk Add Extension
I
False M S Hipors ey Proxy Media v
Absolute Codec String
Available Selected
PCMU |
PCMA
GSM
G729 I
G722
G723
G726 —
Speex
AMR = I

Register Settings

Auth ACL Sip

xpires Max Deviation (s) a

Force ping False -
SIP Force Expires (s) 1]

1.2. Registration

Fill up the Account Name,User name,Password and Authorization Name



etting Category

Accounts

192.168.0.101
192.168,12. 16

Add a Mew SIP Account
lia

tem

r Interface

Jnostics

nse Key

Enable this SIP account

User Detaills
Display Name
User name
Password

Authorization user name

1002

1002

1002

Domain

192.168.0.101

Domain Prooy

Register with domain
Use as Outbound Proxy
Manual Override  Host

SIP Listen Port
[¥]Manual override

192.168.12.12

8484

| Apply | | Revert | [ 0K ] [ Cancel




2. Peer to Peer SIP trunks

2.1. Create sip trunk

Extensions
o

Status

Trunks

Trunks
Call Control

Il Features
Record Settings

5
Maintenance Voice Prompts

2020-03-23 17:19:56 Welcome: Language

Add Trunk m

TrunkType * @sip

Trunk Name * Test

Transport udp H Record False

Register False B | Enabled* True

Keep Inbound CalleriD True B ——

Outbound Callerld Name yyd | Trunk IP/Domain * AT |

Outbound Callerld Number

2.2. Inbound Route

Remote device IP+domain

Incoming call with DID 12345 will be lead to extension 1002

Extensions
o

Status
Trunks

ntrol

Inbound Routes

2
Maintenance

Il Features

Record Settings

Voice Prompts

Auto Provision

2020-03-23 17:26:27 Welcome: Language

Name ™

DID Pat

Caller ID Pattern
Distinctive RingTone
Enable Fax Detection
Send RingTone
Member Trunks *
XO3@IPPBX
o4 @IPPBX

IPPBX
)IPPBX

Inbound Call Routing

incoming Test Enabled True

12345 Priority 100
Enable Inband DTHF Detect False
Enable Time Condition False

False B
Remote B

Extensions B 1002 E‘

Available Selected

Test@IPPBX =



2.3. Outbound Route

Qutbound Call Routing

2 Name ™ outgoing Test m m
Exts s - ¥ .
o Hension Any number starts with 7 will use this router
stans [Hal Patipms, Paite Strip Prepend Suffic Delay
Trunks -
ar
Call Control
WMember Extensions *
Available Selected
§Fen 1000-1000 - — -
ctio 1001-1001 -
o Source
Maintenance
Wember Trunks ™
Calt Foatirey Available Selected
Record Settings o3@IPPBX ¥ Test@IPPBX &
Txod@IPPBX =
Voice Prompts |
Destination
Auto Provision
Feature Code A he
SIP Code
Ph Book
A | Available seiectea | €@V as default
24. C Goi
4. Connect to Goip gsm gateways
2.4.1. Analog, GSM gateway
First make sure the gateway channel are available
2018717 TFF2:38:07 Language | English v | Cument Useradmin ~ Logout (l)
[l operationmte =
Port State
System Info
[ — Port Type Voice Type Direction CallerlD CalleelD Cell Phone No. Connection Signal
Call Count 1 GSM o bl = s Disconnect
SIP Message Count 2 GSM o = = o= Connect |I|I|
Quick Config ¥ 3 oo - Disconnect
= vorp 4 asM -~ - - = Disconnect
5 GSM Unusable ~ o bl = s Disconnect
48% Advanced ¥ e LL]
M Wireless - 6 GSM o) Unusable — - o Disconniaet
— 7 GSM Unusable - . = = - Disconnect Unregistered
== Call Manage ¥ L
8 GSM usable = e ad = e Disconnect Unregistered

@ Port ¥ :
[C] Route
Fl Num Manipulate ¥

[ systemTools ¥

Analog:



il operationtofo &

System Info
Channel | Tyoe |  Number |  Voagew) |  Stae |  Directon |  CalelD |  CalesiD | Reg Status | Polarty Reversal Count
Call Count 1 FXS 8001 ] (] - Unregistered —
SIP Message Count 2 Fx8 8002 0 (-] - Unregistered -
3 FXS 8003 0 - Unregistered -
] uickconfig ¥ @ g
= 4 FXS 8004 0 - Unregistered -
= voir ¥ S g
5 FXS 8005 0 - Unregistered —
455 Advanced ¥ @ g
6 FXS 8006 0 - Unregistered -
(@ Port ¥ @ g
7 FXS 8007 0 - Unregistered -
[E] Route ¥ @ g
A 7 % 8 FXS 8008 0 @ - - — Unregistered —
] | FXO 8009 48 ® - Unregistered —
SystemTools ¥ Conhected
10 FXO 8010 0 @ - Unregistered -
kil FX0 8011 0 @ - Unregistered -
12 FXO 8012 0 (] - Unregistered -
13 FX0 8013 0 @ - Unregistered —
14 FX0 8014 0 @ - Unregistered -
15 FXO 8015 0 @ - Unregistered -
16 FXO 8016 0 (] - Unregistered -
20187117 FF241:10 Language | English v | Curent Useradmin  Logaut &
[l operationinto =
R —
= vorp ¥ | Port 2 v I .
e = Available poxt
Advanced 2 Register Port No v
Ol wireless & SIP Account |s002 ]
== call Manage ¥
Connection Method Static Binding v . 5
@ port & Bound Number 12345 Bind DID set| on inbound
Echo Canceller I¢Enable
ﬁ Fornid Outgoing Gall Enable route
O Forbid Ingoing Call [ Enable
Caler ID Detection [“Enable
[C Route )

[F] Num Manipuiate ¥

B systemTools ¥

Step 2: Put the port into port group

20187117 TF242.18 Language| Engiish v | Current Useradmn  Logout &
[l operationinfa &
Quick Config ¥ ——————————— L i e——————————
== volp ¥ Index [0 v
3 Advenced ¥ Description |aefault ]
TR wireless ¥
e Register Port Group [NO v
== CallManage ¥
@) Port A Autnentication Mode [Do Not Register v
Port Select Mode | Cyciic Increase v
Port
m Port Cport 1 Clport 3 Clrort4
[0 Route = Uports LPort6 Cport7 Cports
) vum waripuiste
[ systemTools ¥
Step 3: Set routes for IP-TEL and TEL-IP
Q0 operationinto ¥ ['sindars iage] [ Craracter oce |
Quick Config ¥
== voip ‘ Check | Index | Source IP | CallerlD Prefix | CalleelD Prefix | Call Destination | Description | Modify
435 Advanced ¥ ‘ o ‘ 63 ‘ 3 ‘ s ‘ * ‘ Port Group 0 ‘ derautt ‘ 7] |
TER wiretess ¥

nverses] — [upsietens] — [uCleansiy] | AoaNew,

== CallManage ¥ | jtemToisl 20KemsiPage 1M First Previous Next Last GofoPage|1 v |1 Pages Total
@ port
(O] Route

Routing Parameters

IP->TellP

Tel=IP

«

»

] Num Manipulate ¥

B systemTools ¥




2018717 TEF4.07:41 Language | English v | Current Useradmin  Logout @

[l operationinfe &

QuickConfig ¥

= vop ¥ ‘ Check | Index | calliniiator | CallerlD Prefix | CalleelD Prefix | Destination 1P ( Destination Port | Description | woary |
485 Advanced ¥ ‘ (=] | 62 | - ‘ - ‘ - | I 192.168.12.12 ” I 5080 I ‘ GSM-IPPBX ‘ (4 |
TR wireless ¥
— = ichesi8] = |uslpiopoie] = laubilcican) = (nSiezadiel aasifion|
= Al Manage, ¥ titemTotal 20items/Page 1/1 First Previous Next Last GotoPage[1 v | 1 Pages Total
@) port ¥
(O] Route A

Routing Parameters

1P->TelllP:

]l Num Manipulate
] systemTools &

Destination port should be 5080 on IPPBX as peer to peer call.

Call Test:

] operationtoro &

System Info
Pot | Tyoe | state | veceTyoe | Directon | CaleriD | | canesin CellPhoneNo. |  Connecton | Signal |  SIP Reg Status
T 1 Gsu 3 unusabie = = Disconnect I Unregistered
SIP Message Count 2 == Wait Answer £FR IP-TEL 13615837035 7001 = Connect all Unregistered
E == J Unusable = — 2 Disconnect Unregistered
Quick Config ¥ ] g
= 4 Gsu Unusable - = Disconnect Unregistered
= volp ¥ 7] .
5 == J Unusaie = = Disconnect Unregistered
485 Advanced ¥ w 2
[ Gsh 3 unusanie - = Disconnect Unregistered
TER wiretess ¥
o 7 == J Unusable — 2 Disconnect Unregistered
= callManage ¥ 17 o
B == Unusable - = Disconnect il Unregistered
@ Port ¥ 7] o
(O] Route ¥

F] Num Manipulate ¥
] systemTools ¥

2.4.2. E1 gateways

First make sure E1 gateway is well setup(PSTN staus ok, channels goes idle)

2018717 TWF2:02:16 iB= | Engish v | Logaut &
[l operationmio A

System Info
‘ Sync & Signaling Status Frame Sync Signaling Fauity Unused |
Z \ olr | [ ] | B | i} | = |
Call Monitor
sl Sourt —————————ssssssssssssssssssssssssssssssssssssssssssss——————
‘Wamning Info. Voice Path Status Idie Ringing Wait Answer Dialing Talking Pending Wait Message Local Block Remote Block Both Block Circuit Reset Unusable
= ¥ fcon @ 5] @ ] @ @ @ a a8 @
® PCM v Statistics 30 0 0 0 o o ] 0 o 0 0 30

1/ Previous Next Go to Page [ 1 ¥ Page

ISDN

«

e N L L ————
@Rolm £ Time Siot No. 0 1 2 3 4 5 8 4 8 9 | 10|11 |12 13[4 | 15| 16 |17 | 18 (19 | 20 | 21 | 22 | 23 | 24 | 25| 26 | 27 | 28 | 29 | 30 | 31
) NumberFiter ¥ PCM 0 HoOQooooooooooeaooll o0 enennnnnnnona
] Num anipuiate. [e IGGGGGGBGGGBGGGBIGGGGG@GGGGGGGGG|

TR systemTools ¥

Step 1: Create SIP trunk



2018/THT TF348:40 iB= | Engiish v | Logout &

[l operationinto ¥

=i = Check | Index | Description | Remote Address | JRemote Port{ |  Local Network Port | Transport Protocol | SRTP Mode | Outgoing Voice Resource | Incoming Voice Rescurce | DTMF Transmit Mode | Fax Mod
=] | 0 ‘ PBX |‘ 182.168.12.12 | 5080 ” LAN 1(192.168.12.13) | upP ‘ RTP Prior ‘ 128 ‘ 128 ‘ Global | Giobal
SIP Register u Port = 5080 E
S eany = (el = (mineeei = (bckize] - (ackxslyl et
SIP Trunk Group 1 ltems Total 20 temsiPage 1/1 First Previous Next Last GotoPage|! v | 1 Pages Total
Media
(@) pcm
1SDN v
3% Fax ¥
[E] Route v

«

=] Number Fitter

«

] Num Manipulate

i systemTools ¥

Step 2: Put sip trunk into sip trunk group

[l operationinfo ¥

= e » ——— B CR————
‘ Check | Index | [SIPTrunks I | SIP Trunk Select Mode | Outgoing Call Restriction | Incoming Call Restriction | [oesmemor ] Modiy |

= ‘ @ ‘ 0 ‘ | 0 | ‘ Increase ‘ No ‘ No ‘ I 1PPBX I‘ 73 |
SIP Trunkc

SIP Register Check Al [Unchecican| | inverse. Deteien] — [LuClearal J oo
SIP Account —— =

«

«

«

(] Number Filter

«

]l Num Manipulate ¥

gt system Tools

«

Step 3: Create PCM trunk:

ig= [ Enaish v | Logout &
[l operationinfo ¥

= ap v ———————CS S ———

‘ Check | Index | PCM NO. | Including Te [ moatty |
@ pem
‘ @ ‘ 1 | 1 ‘ 1.23,4,56,7.89,10,11,12,13,14,15,17,18,19,20,21,22,23,24,25,26,27,28,29,30,31 ‘ (@ |
PSTN
CrouiVatenaree | |geoaty] = \Wociesiey] = i) = (lccia) = (agcxaiyl iy
PCM 1 ltems Total 20 items/Page 1/1 First Previous Next Last GotoPage|1 v | 1 Pages Total
PCM Trunk

PCM Trunk Group
Num-Receiving Rule

Reception Timeout
” ISDN v
66 Fax v
[O] Route ¥

[ Number Filter

«

«

]l Num Manipulate

g systemTools ¥

Step 4: Put sip trunk into sip trunk group

ig= [ Enaish v | Logout &
[l operationinfo ¥

= v ———— S G ———

® Check | Index | PCM Trunks | PCM Trunk Select Mode | Backup Trunk Group | Description | Modify
PCM A
a8 ‘ 0 | 1 ‘ Increase ‘ None ‘ PBX | (&
PSTN < >
Circuit Maintenance
Peu ucneckcany] = [Uncneckan] = | E | = el [FrE—|
PCM Trunk 41 ltems Total 20 Items/Page 11 First Previous Next Last GotoPage|1 v | 1 Pages Total

Num-Receiving Rule

Reception Timeout
ISDN &
8% Fax v
(3] Route ¥

) NumberFilter  ®

«

] Num Manipulate

[ R

Step 5: Create IP-PSTN and PSTN-IP routes



«

(il operation into
Routing Rules

85 Fax
[ Route

Routing Parameters

GCheck Al Uncheck All Inverse Delete Clear Al Add New,

Last GotoPage[1 v

ms Total 20 ltems/Page 11 First

E) NumberFitter ¥
F] Num Manipulate ¥
IR systemTools ¥
(Il overationinfa ¥

= Routing Rules

= e

@ pcm

Initiato CallerlD Prefix

- - SIP T GW-IPFBX 3
1SDN £
485 Fax

Check Al Uncheck All Inverse Clear Al Add New,

[ Route

Routing Parameters
PP
PST!

1ltems Total 20 Items/Page 141 First Previous Next Last GotoPage|1v | 1 Pages Total

[ NumberFitter ¥
] Num Manipulate ¥

TR systemTools ¥

Call Test
IP-PSTN

ErEmEEEE

st

G

HnlEnd

=

w

Curhi [la =] [T M1 Chann[d
EAER | e | REES | B | A | HEE | TrRecortenififh | Panalyzeril |
Ficlrup/Hangmp Send ITUF
ome: [11% FlashTin 200 ChiTxltng: [0
et Senutolisl sataflar oo FEe | o
" SeaClemCatierta | SanTding saStoplabinf | e 0 [T |y

SenClearCallerTdEx SandppendPholfun SemAutoDi <l Agent \

Start/Close

TineSLotToCkTD 557 Func Rev/Sand FSK Fus Func ESnGloz bt
Start Play Test | StartInCallTest | Conference Func | PCI4/8 Func SsnfestartCard |-

| '

EnEn ks
o | -
5 5

Pouseaty

COUNTERPATH

Stop Play Test |StariDuiCalllest| SetPara Fune | DigitalConnFunc Sl

PSTN-IP



TrChle | DTHESEIEE BT

OvrErre | L[ Fline| FL

Incoming call on 1: 83561158 (88361153@1

88861158 (88861158@192.168.0.101)

ALL Channe |0 ==3 |239
B | st | Ramsr | St i o |

B choup/ Hangwup Send DTHF Receive ITHF
SanPi clesp el SenClearReDinfBue
SanHangup rimepa F | SsaGethDinilen | [T
SeaClearCallerTd Tisicse: | B e
SenClearCellerIdBx —— SsnSethaithinf | SsaGettstlinfClr [ [T
FONELE | SR T cruion [ 2
v oL TEEETE £
- Send Tone
Type: SE | ChkSendlen: [0,5
Saflosetti | =
TineSLotToCkTI SST Fane Rev/Send FSK Bus Func it

Start Play Test | StartInCalllest | Conference Func |  POIM/S Func SsuRestartCard | -Echo Cancellation
A GO SenSetEchoCancaller
Stop Play Test |StartDuiCallTest| SetFers Fume | DigitalConcFunc swFausecard | RO seSwEehCacale |

2.5. Connect to another UC200 or Other PBX(peer to

peer)

UC200_1 LAN: 192.168.12.1 Subnet Mask:255.255.255.0 Gateway: 192.168.12.254
SIP trunk port :5080(default)

Extension range: 1000~1999

System Info

LAN WAN




Sip Settings

Notice:the CA certificate must be created ,if you want to use TLS

VOIP SETTING TRUNK PROFILE SETTING EXTENSION PROFILE SETTI! CERTIFICATE
[#IEnable External_WAN
SIFIP 192.168.1.101 SIP Port —
Puslic SIF IP 1192.168.1.101 Public RTP IP 162 168.1.101 v
[#IEnable External_LAN
SIPIP 192.168.12.1 SIP Port 5080
Public SIP 1P 102168121 Public RTP IP 192 168.12.1 v
[CIEnable TLS

UC200_2 LAN:192.168.12.102 Subnet Mask:255.255.255.0 Gateway: 192.168.12.254

SIP trunk port: 3080

Extension range: 2000~2999

INFORMATION NETWORK

PERFORMANCE

System Info

LAN WAN
TYPE Static IP TYPE Static IP
MAC 00-00:E0:A7:05:58 MAC 00:00-ED:AT-05:58
IP Address 192,168 12.102 IP Address 102 163 12.96
Gateway 192.168.12.254 Subnet Mask 255.255.255.0
Subnat Mask 255.255.255.0 Preferred DNS Server 202.101.172:35
Frafarred DNS Server 202.101.172.35 Alternate DNS Server 38338
Aliemate ONS Server 77.83.8.3 Network State connection
Network State connection
Sip Settings m
VOIP SETTING TRUNK PROFILE SETTING EXTENSICN PROFILE SETTING RTP CODEC cl
[#|Enable External_LAN
SIPIP 192.168.12.102 SIP Port 3080
Public SIP 1P autonat 115 238 50 123 Public RTP [P autonat115.232 50,123 v
[JEnable TLS

Notice:the CA certificate must be created ,if you want to use TLS

Create SIP trunk on each UC200 (PBX) for remote UC



UC200_1:

Edit Trunk(UC200_2)

1 e

False v
True v
extemnal_lan v

TrunkType * 5P

Trunk Name * uc200_2

Transport udp v Record

Register * False v Enabled *

Keep Inbound CalleriD True E Profile
Gutbound Callerid Name Trunk IP/Domain *

192.168.12.102:3080

Cutbound Callerid Number

UC200_2:

12020-03-23 17:42:47

Trunks

. TrunkType @siP
| Control

Trunk Name ™ uc200_1

Transport udp B

Register False

Call Features

Record Settings

Maintenance Voice Prompts

Keep Inbound CallerD True

Autc visic
D Rt Outbound Callerld Name

Feature Code Qutbound Callerld Number

Phone Book

Preference

Create inbound and outbound route for both UC200
Inbound route on UC200_1:

Add Trunk m

Record False B
Enabled™ True B
Profile * external_lan B
| Trunk IPDomain * [ 102168121 5080/ |




Name =

Enable Fax Detection

IncomingUC200_2

DID Pattern

Caller ID Pattern

Distinctive RingTone

False

Member Trunks *

Available

Eyebeam@192.168.12.1
03@192.168.121
x04@192.168.12.1
™05@192.168.12.1
06@192.168.12.1
HMP@192.168.12.1

Outbound route on UC200_1:

Name * OutboundUC200_2

Dial Patterns Patterns

- i

Any number

Stip

Member Extensions ™

Available

Member Gateways ™
Available

Eyebeam@192.168.12.1
XO3@192.168.12.1
x04@192.168.12.1
X05@192.168.12.1
X05@192.168.12.1
HMP@192.168.12.1

Inbound Call Routing

Enabled True v
Order 100 v
Enable Inband DTMF False v
Dteson Enable Time Gondition
v False v
Destination VR Menus 'r 8500 IVR '—
Selected

uC200_2@192.168.12.

(2| le ] v

Outbound Call Routing

Prepend Delay

| Unitis ms

starts with 2 will transfer to UC200_2

Selected

1000-1000
1001-1001
1002-1002
1003-1003
1004-1004
1005-1005
1006-1006
1007-1007
1008-1008

(2l Alw v

Selected

UC200_2@192.168.12.1

N

I I S ED

Use any extension in the outbound member extension to dial 2xxx will lead the call to UC200_2.

Same step on UC200_2 to create inbound and outbound for UC200_1.



3. Register Gateway to IPPBX as SIP trunk.

(Extension Trunk)

3.1.

Create account

Follow steps in 1.1.1 Create Single Extension, but select Extension Trunk as True.

Extensions
o
Status

Ext

Trunks
Call Control
Call Features

Mainémnce Record Settings
Voice Prompts
Auto Provision
Feature Code

Phone Book

Extensions
o
Status

Extensions

Trunks
Call Control
system

Call Features

Record Settings

F
Maintenance

Voice Prompts

Auto Provisi

Feature Code

Phone Book

Preference

SIP Settings

Voicemail

2020-03-23 17:58:57

Welcome:

Language

Extension ™ 1016

Password ™ ext1018

Effective Caller D Number

Userlnfo

Name * 1003

Voicemail Mail To

FromptLanquzge System Default

RTP Settings

Enable SRTP False

Absolute Codec String

Edit Extension(1016)

Enabl

Max Registrations

UserPassw

Mobile Nus

EI SIP Bypass Media

Available
PCMU
PCMA
GSM
G729
G722
G723
G726-16
speex@8000h@20i
speex@16000h@20i
Register Settings
Auth ACL Sip Expires Max Deviation (s}
Force ping False EI
SIP Force Expires (s}
User Agent Filter
SIP Force Contact B
Call Settings
Call Timeout (s 30 Max Call Duration (s
Outbound Restriction False EI Call Permission
Extension Trunk True EI |

3.2. Register gsm gateway to UC200.

Analog, GSM gateways:

True

esscscsscsecsscsassssses

Proxy Media

Selected

6000

International Call

m

] i

e n



Tue Jul 17 2018 13:54:18 GMT+0800 (R EHRERE)
[l operationinfe ¥
] quickconig ¥
= vop A

SIP Compatibilty
NAT Setting
Media

65 Advanced

@ port

[E] Route

] Num Manipulate

€ kg

System Tools

E1 gateways:
Create sip trunk:

Current Useradmin ~ Logout &

P Acaress LW e _v]
SIP Port |5080 |
Register Status Registered

Register Gateway [ves v
SIP Account | 1018

Password [

Autnentication Usemame

| 1018

Regisirar IP Address [122.168.0.101 | Regls ter server == LAN
Registrar Port | 5060 [l
— 1 1p
Spare Registrar Server [enaple
Register Interval Time(ms) o |
Registry Validity Period (s) |600 |
Multi-Registrar Server Mode CEnable
SIP Transport Protocol uoP vl
Switch Signal Port if SIP Registration Failed [ Enable
VS Network Enable
Extemally Bound Address [192.168.12.12 | outbotind proxy = WAN
Externally Bound Port | 5060 |

SIP Trunk SIP Trunk

| Indes: [ o ] | |
| Description: o oeEx | | |
| Remote Address: 21680101 | | |
| Remate Port: 5060 ! | |
| Local Network Port: | LAN1(192.168.12 v |

I- Display CODEC  |J | |
| Transpaort Protocol: |UDP v | | |
|- SRTP Mode: [RTP Prior al |
| Qutgoing Voice Resource: |128 | | |
| Incoming Veice Resource: |EE‘. | | |
| DTMF Transmit Mode: | Global v | |
| Fax Mode: | Global v |

Register sip trunk :

Display CODEC [ | i
Transport Protocal: |EJ_DP—'|
SRTP Mode: [RTPPrior 7] |
Cutgoing Voice Resource: i1287| |
Incoming Woice Resource: |128—| |
DTMF Transmit Mode: [Giobal v |
Fax Mode: |Global v | |
Working Period: ¥ 24 Hour |
Externally Bound Enable: !F! |
Externally Bound Address: |M| |
Externally Bound Port: !m—| |
T T



SIP Register

[ Index:

[ SIP Trunk No.:

‘ Password

‘ Register Address:

‘ Register Port [ 5060

‘ Domain Name: |

‘ Register Expires (s) [

[ Authentication Username: | -

(——

3.3. Create outbound route for extension trunk

Outbound Call Routing

Name *
aack | save
Dial Patterns Patterns strip Prepend Suffix Delay
B | | Unitis ms
Stars with 8
Member Exdensions *
Available Selected

1000-1000
1001-1001
extension-frunk-1003-1016

I3 I I D

l 1002-1002

Y I 1

Member Trunks *

Available Solectad
*03@IPPBX i J i J
HO4@IPPBX
HOS@IPPEX J J
TO6@IPPEX
Test@IPPBX _I Extension Trunk J
SIP Code

leave as default

Available Selected

3.4. Inbound route for extension trunk

If the extension is selected as extension trunk, an auto inbound route will be inside IPPBX.
The auto rule will be route by called numbers, for example, if 1002 is been called then 1002
extension will ringing.

The auto route will not be showing on Incoming route tables.



4. Connect UC to remote SIP server.

4.1 Without Outbound proxy

I Features

System

cord Settings
< .
Maintenance Veice Prompt:
Auto Prov
Feature Code
Phone Book

Preference

Voicemail

Extensions

2020-03-23 18:28:43 Welcome: Language
Edit Trunk(Test)

TrunkType * @sIP
Trunk Name * Test
Transport udp Record False
Register* = B enaiea= Select which ETH to registeratiom
Usemame * ass | Profile ® external wan B |
Auth Usemame sss |TrunHPﬁDamam" 192.168.12.16:5080 |
RegFail Retry * 30 Password
SIPIP + Port

Keep Inbound CalleriD False Expire Seconds * 800
Outbound Callerld Name xyd [FEnable Proxy
Outbound Callerld Number 13675837033

Type Status 50 Enabled

s Running REGED True

FXO DOWN True

FXO DOWN DOWN True

FXO DOWN DOWN True

FXO DOWN DOWN True

4.2 With outbound proxy

2020-03-23 18:34:34

Extensions

Trunks

Trunl

Call Control

Call Features

Re ttings

Ve
Maintenance Veice Prompts

Auto Provision

Feature

Phone Book

Preference

Voicemail

TrunkType *

Trunk Name *

Transport

Register

Username ™

Auth Username

RegFail Retry *

Keep Inbound CallerD

Outbound Callerld Name

Outbound Callerld Number

Test

udp

True

13675837033

Edit Trunk(Test)

EI Record
E| Enabled®

Profile ®

sack | save

False EI
True E|
external_wan EI

Trunk IPDomain *

192.168.12.16:5060 |

Password

EI Expire Seconds *

Proxy IP*

192 168.12 16:5060

IP or Domain+port



Trunks

Trunk Name Type Status Enabied
s Running True
FXO DOWN True
FXO DOWN

FXO DOWN
DOWN

5. Call Functions

Create a peer to peer sip trunk name Test :

Edit Trunk(Test)

ADVANCE ~ DOD  ADAPT CALLERID
TrunkType * @sIP
Trunk Name * Test
Transport wp B Recard False B
Register * False B Enabled ™ True B
Keep Inbound CallerlD True B Profile * external_wan B |
Outbound Callerld Name wad Trunk IPDomain * 192.168.12.16:5080 \
Outbound Callerid Number 13675837033

Select LAN or WAN based on real connections

Use a soft phone on PC to set as in sip trunk IP/Domain:



| i‘FI.A&\'I-r.|E.E:_°‘r|R_EI]AL.!|_G'
- T
DEF 3
EnEaEs

COUNTERPATH

Topology:

IPPBX

Choose Setting Category

Settings - Se_

[V]Enable this SIP account

[=)- SIP Accounts

dd a New SIP Account
Media

System

User Interface

Diagnostics

License Key

User Details
Display Name

User name

Password

Authorization user name

Domain

192.168.12.16

Domain Proxy
[ Register with domain
[T Use as Outhound Proxy

[V]Manual Override  Host

SIP Listen Port

[192.168.10.199

Manual override

5080

Apply

[ o J[ conml |

Revert

(peer to peer)----Eyebeam as a trunk

5.1. Incoming to Extension with fixed DID 11111

5.1.1. Make sure extension is created and registered.

ADWVANCED

General

Type ™

Extension *

Password *

Effective Caller ID Number

Userinfo

Name *

Voicemail Mail To

Prompt Language

Edit Extension(1002)

@siP

1002

1002

System Default

Enabled * True v
Max Regisirations 3
User Password ™ cesssessiacesesastensasssesensre

Mobile Number




Call Test:

bl

—
i | Frash] | Eacer\ﬁax

Status Extension Name Type IP And Port
DOWN 1000 1000 FXs 1
DOWN 1001 1001 FXS 2

Inbound Call Routing

Name * IncomingTestExt EFEd True N
DID Pattem 11 I Order 100 v
Caller ID Pattem Enable Time Conaftion False v
Distinctive RingTone | Destination * Extensions v || 1000 v |
Enable Fax Detection False v
Member Trunks *

Available Selected

X03@192.168.0.101
fx04@192.168.0.101
fxo5@192.168.0.101
fx06@192.168.0.101

test@192.168.0.101

1B [N I K



XFER HOLD PARK | AL | AC | DND
- .| B

COUNTERPATH

5.2. Incoming to IVR with fixed DID 22222

5.2.1. Check for IVR extension range

Extensions

Preference
Trunks
GENERAL API

Call ol
= General
Call Features

Max Duration (s 6000 B
Record Settings

Attended Transfer Caller ID Transferor H
Voice Prompts

Extension Preferences
Maintenance Auto Provision

User Extensions 1000 — 5899
Feature Code

Ring Group Extensions 6200 —— {6295
Phone Book

Paging Group Extensions 6300 — 5399
Preference Conference Extensions 6400 — 6499
Preference Vi i § 85

IVR Extensions 6500 — 6599
SIP Settings Queue Extensions 6700 —_ 6799

Voicemail




5.2.2. Create IVR profile

Extensions

Trunks

Call Control

Call Features

IVR

_F
laintenance

Exit Action

neomingTest

B

IVR
| Name * IncomingTestiVR | Inter-Digit Timeout (ms) *
| IVR Number * 6500 | Max Failures *
GreetLong ™ Default Max Timeouts *
Prompt Digit Length *
Enabled”
Prompt
Direct Extension ™
Response Timeout(ms) * 10000
FXO Flash Transfer *
Direct Outbound ]
Advanced
Invalid Sound Default B Ring Back
Exit Sound Default B Caller ID Name Prefix

Inbound Call Routing

Available

T

3000

@

True

False

False

default B

Selected

5.2.3. Create incoming route for IVR

Call Test:

LN N EN EX




| FLASH| | REC i@/ IREDHALI

ﬁ@

Prraered b
COUNTERPATH

5.3. Incoming to Ring group with fixed DID 33333

5.3.1. Check for Ring group number range in preference

- Preference
Status
15 General
CDR
6000
3 . s A
PBX Altende: Transferor
@D
System .
Extension Preferences
r Extonsions =
Maintenance e User Exteesions 1000 — (5099
2 | — |a2ee
0 9

5.3.2. Create Ring Group profile:



5.3.3. Create incoming route for Ring Group

Extensions

Ring Group

Trunks
Name * RingGroup Enabled ™ True B
Call Control
Ring Group Number * 6200 Alertinfo
Call Features
Ring Strategy ™ Simuttaneous | Ring Back cn-ring |
Timeout Destination - CID Name Pregix - . .
D Select ringback for different region

Ring Timeout (s) 30 B Extension Answer Confirm No B

F Member Extensions *
[Maintenance

Available Selected

PN Number select extensions in ringgroup”|

Inbound Call Routing [ axox [ sue |

Trunks

Avaliable Selected

Call Test:



5.4. Incoming to Conference with fixed DID 44444

5.4.1. Check for Conference number range

-3
PBX
System

~
Maintenance

Extensions

Trunks

Call Control

Call Features

ecords

Voice Prompts

SIP Settings

Voicemail

General

Extension Preferences

Preference
Max Duration (s) 6000
Attended Transfer Caller 1D Transteior
@iDistinctive Caller ID
User Extensions
Ring Group Extensions: 6200
Paging Group Extensions 300 6399
Conference Extensions 5400 5493

IVR Extensions

Queue Extensions

SAVE



5.4.2. Create conference profile

Extensions Conference Rooms T m
P
Status
Trunks
Room Name Conference 2018-07-17 03:20
Call Control
6400 2019-07-17 03:20
Call Features Derall . True v
No Pin True v i v
Mute Participa
False - A
Va vax Memoers = ¥
Maintenance
Allow Participant to True v
En True v
Announce False .
Available Selected
PIN Numb 1000-1000
1002-1002
1001-1001

BN N I A
(k| |- Q>

i Inbound Call Routing sace | save |
Status
Trunks .
H'\COﬂHﬂgTES(COﬂ' Enabled True »
Call Control _
44444 | Order 100 v

naiion False v

System
b False v
Vil
Maintenance
Available Selected

fxo3@192.168.0 101
X04@192.168.0.10
fx05@192.168.0.10
X06@192.168.0.

rds

Voice Prompts

I3 S N

Feature de

Preferenc

SIP Settings

Call Test:



[ ag IDND:-Z-

=S

FHORE

- e

e * % |

MUTE || - lsrenken)
e ]

COUNTERPATH

5.5. Call Center Queue with fixed DID 55555

5.5.1. Check for call center queue number range in

preference

Extensions Preference
Trunks

General

Call Control \
Max Duration (s

(& o .
all Features Attenced Transfer Calier ID

Transferor
ecords e Caller ID
Voice Prompts Extension Preferences
Maintenance  Feature Code User Extensions 1000
s Ring Group Extensions:
Paging Group Extensions a0 6209
Conference Extensions " 5400
IVR Extensions 500
Voicemail

Queue Extensions




5.5.2. Create call queue

Extensions SAVE
Edit Call Center Queue
Trunks
Call Control
Call Features . Queue ii Timeout (s 15
7 6700 v
System ee: 30
Longest Idle Agent v Wrap Up Time (s 30
Maintenance
¥ o
Record Faise v 20
Available Selected
i i f Il
5.5.3. Create incoming route for Call Queue
BACK SAVE

Extensions Inbound Call Routing

i
Status

Trunks

IncomingTestQueue True A

| Control

False i
Call Center v | 6700 'I
System
False b
Maintenance
Available Selected

™03@192.168.0
Tx04@192.168.0
X05@192.168.0
fxo6@192.168.0

Call Features

cords

Voice Prompts

[N N S K
(k] -[-§]

SIP Settings

Call Test:



Prowerad b
COUNTERPATH

5.6. Call Back

Sample case : Call back with call Queue with fixed DID 66666

5.6.1. Follow 5.5 create a call center queue

Extensions BACK RESTART SAVE

Edit Call Center Queue

Trunks

Call Control

Call Features CQueue Name * Queue Agent Call Timeout () 15
= Queue Number * 6700 Agent Answer Announce v | Prompt
Agent Password * sane Agent Retry Time (s) 30
Ring Strategy * Longest ldle Agent v Wrapip Time (8 30
Maintenance
Timeout Action v Max Wait Time (s) o0
Recard False v Max Queue Lengtn 20
Caller ID Name Prefix Alert info
Agents
Available Selected
1001-1001 1002-1002
1000-1000 1003-1003

hittps://192.168.

(2l ~]o] ]
k| <] - Q>

pp/call_centersfcall_center_queue_editphp?id=clbfatc2-Ofeb-..



5.6.2. Create call back profile, and lead call to call center.

CallBack I::i' :Jl\'E

IBack

Extensions Inbeund Call Routing s m
Name ™ IncomingCallBackWithCallQueue Enabled True v
DID Patiern ‘ 66666] | Order 100 E
Caller ID Pattem Enabie Time Condition False v

v || caliBack

| Destination *

System Enable Fax Detection False v

7~ er Trunks *
Maintenance
Available Selected
fx03@192.168.0.101 b test@192.168.0.101 &
X04@192.168.0.101
fxo5@192.168.0.101
x06@192.168.0.101

IS KN N (KA

Prefere:

SIP Settings

Call Test:



l:fl-j

| FLAgH | | REC qtrnmu.u|.|

Tl
B

In this case, when there’s incoming call, the call will be lead to callback profile. So the call will
be replied 486 to remote sip trunk(hangup), and after 10 seconds IPPBX will callback to the caller
while the call will be directed to call queue inside IPPBX at the same time. After remote caller is
pickup, extensions in call queue will ring.
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