


Disclaimer

® These release notes are for reference only, and the actual product shall prevail.
®  Succeeding products and release notes are subject to change without notice.
e If there is any uncertainty or controversy, please refer to our final explanation.

Trademarks

All the company names and trademarks mentioned herein are the properties of their respective owners.

Foreword |



[T T =01V Y o PR 1
REIEASE NOLES ... .ot e e e e e e e e et — e et eee e e e e st baaeeeeeeeesasssbseeeeeeeesasnnaeeneaaaaaens 1
O V=T 1 RSP RSEPR 1
L2 NBW FRAIUIES ... 1
R BN b= o N T T RSP RSERR 1
R @0 0 ] = 11 o1 TSP REERR 1
LoD PrOQIaIM . 1

L4 2 BIOWSEN ... 2

I V1 o o Vg Ao o= 2

1.5 SOftWAre ENVIFONMENT. ..ot iiiieeeee e e e eeete e e e s s e e e e e e s e e e e e e e e e e sssnansaeeeeeeeessssnnsssnnneeeeeeannnnes 2
1.6 PeNAING ISSUBS......uttiieiiiee i i ittt e e e e e e et e e e e e e s s s e e e e e e e e e s s aeeeeeeaeeesassssseaeeeeeeeseasssssnneeaaeeeannnnes 2
A U T o F= 1= T[S PRSERR 2

Table of Contents Il



1.1 Overview

VTO2202F
VTO4202F
Product model VTH2421F
VTH1550CH-S2
VTH5221D-S2

Version Refer to software package information
DH_VTHX421H_MultiLang_SIP_V4.410.0000000.4.R.20200221.zip
General_VTHX421H_MultiLang_SIP_V4.410.0000000.4.R.20200221.zip
DH_VTHX421L_MultiLang_SIP_V4.410.0000000.4.R.20200221.zip
General_VTHX421L_MultiLang_SIP_V4.410.0000000.4.R.20200221.zip
DH_VTO2202F MultiLang_PN_SIP_V4.410.0000000.4.R.20200221.zip

Software package

information
General_VTO2202F_MultiLang_PN_SIP_V4.410.0000000.4.R.20200221.zip
DH_VTO4202F-P_MultiLang_PN_SIP_V4.410.0000000.4.R.20200221.zip
General_VTO4202F-P_MultiLang_PN_SIP_V4.410.0000000.4.R.20200221.zip
General_VTH52X1D-MCU_V4.000.0000000.3.R.20200109.zip

Release date 2020-1-20

1.2 New Features

1 Support the third party server (3CX, FreePBX, ZYCQO).
2 Support the third party video door phones (Grandstream GXV3140 and YealLink_T21P_E?2)

3 If the third party server is used, cards and fingerprints (VTO4202F) can be managed on video door phones.

1.3 Fixed Bugs

When making calls on the door station, voice prompt was intermittent.

Door station unlock indicator could not be on.

Villa/appartment system cannot be selected on the modular door station web interface.

AlW[IN|PF

Modular station image on the web was out of proportion.

1.4 Compatibility

1.4.1 Program
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VTH General_VTHX421H_MultiLang_SIP_V4.410.0000000.4.R.20200221.zip
VTH General_VTHX421L_MultiLang_SIP_V4.410.0000000.4.R.20200221.zip
VTO General_VTO4202F-P_Eng_PN_SIP_V4.410.0000000.4.R.20200221.zip
VTO General_VTO2202F_MultiLang_PN_SIP_V4.410.0000000.4.R.20200221.zip

1.4.2 Browser

IE9, IE10, IE11, Edge, Firefox, Chrome

1.4.3 Third Party Access

Not involved.
1.5 Software Environment

idmss plus 4.90.002

gdmss plus 4.90.000

VTS General_VTS5240B_Eng_P_SIP_V4.300.0000000.6.R.20181116.zip

Config Tool General_VDPConfig_Eng_V1.008.0000000.0.R.20180919

ARD General_ARD1611-W_EFM32ZG110_MCU_V1.105.0000000.0.R.20180403.zip
ARD General_ARD1231-W_EFM322G110_MCU_V1.105.0000000.0.R.20180403.zip
ARD General_ARD311-W_EFM327G110_MCU_V1.105.0000000.0.R.20180403.zip
ASR General_ASR1102A_APP_V2.003.0000.0.R.20170421

DEE General_DEE1010A_MCU_V3.000.0000000.5.R.20181204

DSS General_DSS-Express_win32_IS_V1.000.0000003.1.R.20190817

YeakLink 52.81.0.115

GrandStream 1.0.7.80

1.6 Pending Issues

1 When the door station that works as the SIP server and indoor monitors are in the same group, the
call will not be ended when the countdown stops.

2 The Accept Audio button cannot be used by the third party indoor monitors to answer calls.

3 When video codec of the third party server is enabled, you cannot make calls on the door stations
to SIP video door phones.

4 Video door phones do not support voicemail, the third party phone transfer/conference/forward, and
multiparty session.

6 ZYCOQO server does not support 2M stream and streamgreater than 2M.

7 When there are answer to the ZYCOO server, voice prompt after the countdown is different.

1.7 Update Guide

Recommend VDPConfig V1.08, Material No.: 2.8.02.01.00077
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a) Scenario: the old programs can be upgraded with this tool to its security baseline version, and the security
baseline indoor units will be upgraded by each other.

b) The upgrade program can automatically determine the device port, no user-defined ports needed.

c) SCM upgrade and main program selection upgrade

d) After upgrade, auto clear config marked in red in the following figure.

¥ - X
Devices found L} sear
= A B vTH m vro m wvrs (W DB
W viT W via [= others =
O wo. Type 1] Version Upgrade File Path Browse Operate
O v 172538 /430000000007 CiUsers/5667/DownloadsiGeneral_.

Upgrade Type Main Program

Clear Config

oK

1.8 3CX Operational Manual

1.8.1 Server Configuration (admin/Admin123456)

1. Log in to the 3CX Management Console interface.
CX = . =

2. Select Settings > Netework, and then the Network Settings interface is displayed.
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# settings

3% Fons

3. Click Public IP, and then in the Select Network Card interface, enter the server |IP address
(devices will do SIP registration at this IP address).

@ vour i 12/24/2049. Witheut i access to feat. Find cut mere.
=
Select Network Card Interface

External IP Configuration

Mis

1.8.2 Registering Blacklist

1. Select Settings > Security Settings, and then you can set Failed Authentication Protection
and Blacklist time interval.

0 Your Subscription expired on 12/21/2019. Weihout subssriphion you lose scoess to important festures. Fird out more

. security serings | N

SecureSIP Allowe i Rast
Automatic Global 30X 1P Blacklist
w310 collect any 19 that are blacklisted from this instance, and in exchange for this contribution, the globial 3CX At Hacking Defense Pragram lst of blacklisted IF's will be downlaaded and enabled an this installation
Failed Authentication Protection
Configure the amount of fased suthenticatians that 30X Phon System will sccept, If this vale s excesded the scurce 1P sddress s Ut in the Blacklist

Failed Challenge Requests (407)

1000

Blacklist time interval

86400
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2. If continuous registration time of a device exceeds the time you set, the server will add the IP
address of the device to the blacklist. When the device does SIP registration at the server IP
address within the blacklist time interval, the registration will be rejected. You can view the
blacklist by selecting Dashboard > Blacklisted IPs or Dashboard > IP BlackList.

CX : -

E e B

3. You can delete devices in the blacklist or you can modify device IP address, and then do SIP
registration again.

CX = - ——

1P Blacklist

1.8.3 Adding Extensions

1. Click Extensions on the navigation bar, and then the Extensions interface is displayed.

CX - - - =
@ Your Subscription exgired on 13/21/2019, Wit e e s T et Rt -
o
1 e Extensions
.
+
t E ! E aller 1D
@ " .
- L]
o L
v L
L]
L]
L]
L]
L]

2. Click Add, and then enter extension humber, extension name, ID, and password.
®  Extension number is the number you can call. They can be door station numbers and room numbers
(indoor monitor number).
®  Extension name is custom.
® The ID and the password are the Username and Password of the SIP server you entered on the SIP

configuration interface of door stations and indoor monitors.

Release Notes 5



Attention: Extension number and the ID are different. When installing 3CX, extension number length
is fixed, and it can only be maximum five numbers. The ID must contain numbers and letters;
otherwise the SIP registration will fail. As a result, you need to enter username on both door stations
and indoor monitors.

@ Your Subscription expired on 12/21/2019. Withsut subseription you lose aceess ta important festures ¢
=
L o
@ User Information
.
*
.
.
[-]
-
.
)
CX . -
© Vour Subscription expired om 121212019, Without subscription yes kose aceess ta important feature:
-

WEB SERVICEZ.0 HaHousehold Setting @ Network M Log Management

Device Properties

Video & Audio
Access Control
System
Security

Onwif User

WEB SERVICEZ.0 i Local Setting BsHousehold Setting

SIP Server Enable

Server Type  ThirdParty

Firewall 1P Address 17251031
Port 5060
Usemame  Admin123456 ¥ Enable
Password
SIP Domain

SIP Server Usemame

SIP Server Password

3. After you have entered extension number, extension name, ID, and password, devices that have
been registered will be displayed on the Extensions and Phones interface.
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° On the Extensions interface, green dots means that the devices have been registered; and red dots
means that the devices have not been registered.
° On the Phones interface, you can see detailed information of the devices.

®  After all devices have been registered, you can make and answer calls among all the devices.

CX - : - =
0 Your Sxbiacription explred an 13/21/2015. Withouk subscriplion you lase scoess boimportsa features.

o

2 ¢

4 e Extensions.

- [+ | ! Legon @

e

+

t E Last Email — l tier 10 [

o . .

L .

- .

= .

v s L] *
L L] ®
& L] *

> .

+ .

0% ™
CX 5 =

or. e

Ll

=

1 phones

= <

@ ==

+

+ ext Vendor Model Fu Version Hame Password Phane pud P " MAC

@ Hew yealink SIP-T21P_F2 52.80.0.130 New New Ny N New T 1 [

w H dst GV 1.0.7.80 How Now Now N How 172.5.100.112 [

= Hew yealok sipr2p B2 5281015 Hew New " New Hew 112.5.100.208 ®

<

Voicemail function is not supported by door stations and indoor monitors currently, so you need
to disable the voicemail function.
CX ) —

L

Enable Voicemall

WO ® D+ o« © B

[+ [ER
Attention: If no answer forward and busy forward to voicemail is set, when you did not answer calls on the
indoor monitor, door stations will prompt visitors at the door stations to leave messages to the voicemail rather

than end the call.

5. Set forwarding rules.

Extensions support more than one forwarding rules, select as needed.
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ubacription expired an 12/21/2015. Without subscription you bose stcess 3 mgortant features,

]

<« m

e g 6.
External IP addresses are restricted by the 3CX server, and only three types of IP address are
retained.

A:10.0.0.0~10.255.255.255

B:172.16.0.0~172.31.255.255

C:192.168.0.0~192.168.255.255

Except IP addresses in A, B, and C, 3CX regards all other IP addresses as public addresses. As a
result, when adding extensions, you need to disable Disallow use of extension outside the LAN
(Remote extensions using Direct SIP or STUN will be blocked) (enabled by default) in
Extension > Options; otherwise SIP registration for extensions will fail.

CX = : - -

© H = N F

v o

]

o

1.8.4 Ringing Groups

1. Select Ring Groups, and then click Add Ring Group.
The Ring Group setting interface is displayed.
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© YourSubcription xpired on 137213018, Wathaut s

Ring Groups

[ Lo

2. Set general settings, add group members, and then call extension numbers, the group call
functions can be enabled.

CX - : _—

R D -

o

Group Members

1.9 FreePBX Operation

1.9.1 Software

1. Enter FreePBX IP address to go to the freepbx interface, and then you can set administrator
parameters. Here you need to set administrator username and password (admin/admin123).

Y% Freepsx support Isymphonyv3 Panel uce
Welcome to FreePBX Administration!

Initial setup
Plesse provide the core credentials that will be used to administer your system

Username

L TR
Password

Confirm Password
Admin Email address

Create Account

2. Click Create Account. The main interface is displayed.
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%% admin  Applications | Conmectivity | Dashboord | Meports | Settings | UCP AR

System Overview o http:/fwww. freepbx.org/rss.xmi Feed £ hupi/feeds.feedburner.com/InsideTheAsterisk Feed O

Welcome to FreePBX

FreaPBX Statistics o Live Network Usage s
Asterisk ~ etho Interface eth0
———
Asterisk - Eon L 1]
VieDESE v - r—
System RegisTavon o Disk  «
BT x Notwork~ * o ettt
Mall Queue -
UCP Daemon - Uptime f+]
EIEL Ll System Last Rebooted
m co 11T 2808, 308, 00
Collecting Anonyma ats S0 Load Averages
-
# ¢ FreePBX SANGH#MA
— t irecdam
1.9.2 Adding SIP Extensions
1. On the main interface, select Applications > Extensions.
T admin Connectivity || Dashboard || Reports | Settings | UCP m Qo
Iverview c hetp://www.freepbx.org/rss.xml Feed c . g isk Feed &
FreePBX Statistics b Live Network Usage b
Asterisk = etho Interface eth®
- ——

Asterisk CEfTRN
MySQL U - r
et = ‘
EEE = Nwtwork = i
ucPDse  DISA Uptima o]
xmpp DY e System Last Reboated
Collecty L Load Averages
Defauitf ~LENEUIEES 5. CHAN_SIP is: 5160 1] 03 [£H) 013

¥ % FreePBX SANGL)MA

b et frecdom ring

2. Select Add Extension.
Freepbx of new version contains PJSIP and Chan_SIP protocols. Default port number of PJSIP
protocol is 5060 and default port number of Chan_SIP is 5160.

X admin  Applications  Connectivity ~ Dashboard  Reports  Settings  UCP m Q &
AllExtensions | Custom Extensions | DAMDiExtensions | IAXZ Extensions | SIP [chan pjsip] Extensions SIP (Legacy) [chan_sip] Extensions | Virtual Extensions
+ Add Extension - §Quick Creats Extension s E =
+Ade New Custom Exension n Name. ow ) MM e crn chu Type Actions -
+ Add New DAHDI Extension
+ Add New 1AX2 Extension 100 o a a a a Bisip Fa
1002 = o a a a =] o
+ Add New SIP (Legacy) [chan_sip] Extension =2 “a
+ Add New Virtual Extension 3001 @ o a a a a sip Za
22m 2401 @ o a a a o sip [E8']
202 2402 ] o a a a o sip Za
8001 800 @ o =] a o o pisip o
8008 8008 1 o o a a o pisip (£l
8101 2101 E o o =] o o pisip o
8115 8118 El o o o o o pisip £}
8601 8501 2 o o a a o pisip o
Showing 110100f 28rows  10.  rows per page - 2

/% FreePBX SANGH*MA

-~ i
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Attention: You can set port number by selecting Settings > SIP Settings[chan_pjsip] or through Port to

Listen On in SIP Legacy Settings[chan_sip].
oot [ v

WX admin  Applications

SIP Settings

@ SIP driver information

Connectivity  Dashboard

Asterisk is currently using chan_pysip and chan_sip for SIP Traffic
ou ean changs this on the Advanced Settings Page

General SIP Settings | SIP

s [chan_plsip] P Legacy Sel ¢

i

These settings apply only to SIP [chan_pisip] R

Rou
= Misc PJSip Settings Text

[
nepors [T uee

Allow Transports Reload &

i
¥

Admin  Applications  Connectivity | Dashboard

= Transports

Mot that the interface is only displayed for your information. and Is not 8

5 et Yes' changing transp: have the p Astes ager Users
Asterisk REST Interface Users
=udp Asterisk SIP Settings
Extension Settings
udp-0.0.00-All &
x Configuration
= tep Filestore
Wusic an Hold
tcp-0.00.0-All © p

Text To Speech Engines
emal Admin
v
 —
—ws
w5+ 0.0.00-All @ Yes “
—wss
wss - 0.0.0.0- All © Yes “
= 0.0.0.0 (udp)

Portto Listen On © . ‘

Domain the transpert comes from o
External IP Address ©

Local network @

Tisk 16.4.1 which no longer needs to be restarted for transpart changes I llow Transports Reload' Is set 1o Ves' above. Note: I Allow Transports Reload

3. Select Add New SIP (Legacy) [chan_sip] Extension to create a new Chan_SIP Extention. The

port number is 5160.

#%* admin | Applications | Connmectivity | Dashboard | Reports  Settings | UCP

ANl Extensions  Custom Extensions  DAMDi Extensions IAX2 Extensions

+AddExtension = 5 Quick Create Extension

+ Add New Custom Extension B — p—

+ Add New DAHDI Extension

+ Add New |AX2 Extension 1001 =

Add New SIP [chan_pjsip] Ex

+ Add New SIP [chan_pjsip] Extensicn e =

[+ Add New SIP (Legacy) [chan_sip] Extension

+ Add New Virtual Extension 3001 &
44 4401 &
e 4402 @
8001 8001 &
8008 5008 w
8101 101 @
8115 8115 @
8601 601 El

Showing 110100f 26T0ws | 10-  rows per page

% FreePBX

%% admin  Applications  Connectivity | Dashboard  Reports | Settings  UCP

Add SIP Extension
General | Voicemail

Find Me/Follow Me | Advanced  Pinsets | Other

= Add Extension

This device uses CHAN_SIP technology listening on Port 5160 (UL

- thiz I  NON STANDARD part)

User Extension &
Display Name &
Qutbound CID @

Secret ©

= Language

Language Code © Detault

= User Manager Settings
Select User Directory: © P Internal Directory

Link to a Default User © Create New User

Username &

Password For New User © s6d0zfsfas

Groups & AllUsers %

*. V% FreePB
L

SIP [chan_pjsip] Extensions

SIP {Legacy) [chan_sip] Extensions

FMIFM

o

o

o

o

o

o

o

Virtual Extensions

¢ cre cFu Type
u] o o pisip
o o o pisip
[a] o o sip

o o o sip

o o o sip

=] o o pisip
=] =] o pisip
=} o o pisip
a =] o pisip
=] o o pisip

SANG#MA

SANGHMA

Actions
o
Zo
o
Za
Za
Za
[EQ |
o
Za
o

Use Custom Username

> Submit  Reset
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You only need to enter the following items.
®  User Extension: The extension number.
® Display Name: Username.
®  Secret: Password.
For example: User Extension: 2018 Display Name: 2018 Secret: 2018
After you have created extensions, you need to click apply config to make the configuration
effective.
4. Adding JSIP Extensions
For adding procedures, refer to the adding of Chan_SIP extentions. The port is 5060.
5. Do SIP server settings on device web interface.
Select Network > SIP Server, select ThirdParty from the Server Type drop-down list, and then
enter server IP address and password.

WEB SERVICEZ.0 $¥Local Setting EzHousehold Setting

SIP Server Enable

Server Type  ThirdParty

Firewall IP Address  172.5.10.31
Port
Usermame Erlilz
Password
SIP Domain

SIP Server Username

SIP Server Password

1.9.3 Adding Group Call Devices

Once indoor monitor numbers are added to an Asterisk group, all devices in the group can receive
calls.
1. Add indoor monitors.
Indoor monitors 8001 and 8008 are added.

Admin | Applications | Connectivity | Dsshboard | Repons | settings | uce moa &

AllExtensions  Custom Extensions  DAHDI Extensions | |AXZExtensions SIP (chan pjsip] Extensions SIP (Legacy chan sip] Extensions Virtual Extensions

+ Add Extension + 4 Quick Create Extension S m

Extension Name ow DND FMIFM CF CFB CFU Type Actions.
1001 1001 = a o o o o pisip Zo
1002 1002 = o o a a o pisip i
o a0t - a o o o o p o
2401 e & a o o o o \p Zao
a0z o g a o o o o u Zao
5001 3001 g o o o o o pisip Za
o 800 v o o o o o pisip Za
510 s101 - o o o o o pisip Za
" & - ] o o o o pisip Za
560 8601 - o o o o o pisip Z@
i te f 10 W e
‘)k:f(’ FreePBX SANGHMA

2. Select Applications > Ring Groups > Add Ring Groups, and then create ring groups.

Release Notes 12



W aamin [ITEDEOIE) coonectivity  Dashboard | Reports  Settings | WCP R

Ring G

Ring Gr Oescription Actions
566 haa o
5959 MHL o

¥y FreePBX SANGH#HMA

o || e || ey | e | s || e | moa @

Ring Groups

+ Add Ring Group

Ring Group Description
9966 hua @
9995 MHL Z @

showing 1 to 2 of 2 rows

3. Select numbers as needed from the User Quick Select drop-down list, and then add the
numbers to the Extension List.

Attention: Ring group numbers and indoor monitor numbers cannot be the same; otherwise
the numbers cannot be saved.

*7* admin  applications  Connectivity  Dashboard Reports  settings  UCP B &

Ring Groups: Edit 9999
Group Description

Extension List &

Ring Strategy &

Ring Time (max 300 sec) &

Announcement ©

Play Music On Hold

€ID Name Prefix &

Rlert info ©

Ringer Volume Override &

Send Progress & n No
Mark Answered Elsewhers © “
Ignore CF Settings O [ o |
Skip Busy Agent © ves n
Enable Call Pickup & “
Confirm Calls & “
Remote Announce ©

Toa-Late Announce &

Change External CID Configuration ©

4. Go to the bottom of the Ring Group interface, in the Destination if no answer row, select
Terminate Call or Hangup.

Attention: You must select Terminate Call or Hangup; otherwise the settings cannot be
saved.
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o

Admin  Applications  Connectivity  Dashboard
Announcement &
Play Music On Hold ©
€I Name Prefix &
Alert Info ©
Ringer Volume Override ©
send Progress ©
WMark Answered Elsewhere ©
Ignore CF Settings ©
Skip Busy Agent ©
Enable Call Pickup ©
Confirm Calls ©
Remote Announce &
Toa-Late Annaunce ©
Change External CID Configuration ©
Fixed CID Value ©

call Recording ©

Reports  sewings  uce

Destination if no answer &

submit Reset :-Lm

¥ % FreePBX
— . g

SANGH*MA

5. After selecting Terminate Call or Hangup, click Submit, and then you must click Apply

"

Admin  Applications  Con

ity | Dashboard
Ring Groups
+ Add Ring Group

Ring Group
966
5989

Showing 1to 2 of 2 rows

Reports

Config at the top of the interface.

Settings  UCP

Actions
Zw
ra |

Lonycore JRNCUE

6. After all above operations have been done, you can call group numbers on door stations,
and then indoor monitors in the group can all receives calls.

1.10 ZYCOO Server Configuration

1.10.1 Adding Devices

1. Add an indoor monitor or a door station.
On the following image, select Basic > Extensions > New User, edit new user information, and then

click Save.
The default name is 800 by default. All configurations are the same except name.

Attention:

In the Audio Codecs, you need to select ulaw and alaw for door stations and indoor monitors from the

Allowed list; otherwise there will be no audio.

In Video Options, select proper video format for door stations. H.264 is recommended; otherwise there will

be no video during calls.

Voicemail is not supported by door stations and indoor monitors. As a result, you need to disable

voicemail function.
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Z2COD

WE FOCUS WE DELIVER

« Home < Edit X IAX:(InterAsterisk eXchange
Protocol) Check this option if
« Operator General the User or Phone is using
1AX2 or is an 1AX2 device,
SIP: | TAX2:
s Exte Exter) Name: 800 Extension: 800
o Trunks Password: 123456 Outbound CID:
« Outbound Routes DialPlan: | DialPlan1 Analog Phone: None
Inbound Control Exten Yoicemail
| nPound Confrol | Enable: [ Password: 1234
Advanced ns
e — { 3;'2%? [m} Email(Fax/Voicemail): e
Network Settings 1 VMail: LS
[P — * Other Options i
Security
| Web Manager: ¥ Agent: ) call waiting: "
Report Allow Being Spied: [|  Pickup Group:
System Mobility Extension: []  Mobility Extension Numbel
I VoIP Settings
NAT: @ Transport: UDP v | SRTP:CJ
DTMF Mode: RFC2833 ¥ | Permit IP:
Video Options
Video Call: ¥H.261 ¥H.263 ¥IH.263+ ¥IH.264
Audio Codecs
= - ulaw -
= alaw
9729 D
- «« a726 -
Disallowed Allowed
Save [Cancel

Copyright @ 2006-2014 ZYCOO All Rights Reserved

2. Click Activate Changes on the upper right corner of the interface, and then all configurations can be
effective.

Configuration Saved!
m Settings changed! Please Click on Activate Changes to make modifications effect!
Activate Changes

WE FOCUS WE DELIVER

- Home Extensions Move the mouse over a field

to see tooltips
 Operator Extensions Upload/Download Extensions

« Extensions Extension: Search| [Shov

® Trunks

INew User |Batch Add Users |Delete Selected Users
= Cutbound Routes

Inbound Control Extensions
Advanced o Name Extension Port Protocol DialPlan Outbound CID  Options
[ —— )| 1 800 800 - SIP DTa\P\anl Ed!t
E———SSSSSS | ]| 2 801 801 = SIP  DialPlanl Edit
Security | 3 802 802 - SIP  DialPlan1 Edit
0| 4 sB03 803 = SIP  DialPlan1 Edit

Report -
System

Copyright © 2006-2014 ZYCOO All Rights Reserved
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1.10.2 Adding SIP Address

2C0D

WE FOCUS.WE DELIVER

« Home SIP Allowed Address Move the mouse over a field
to see tooltips
« Operator List of SIP Allowed IP Address Add Allowed IP

Basic Allowed IP Options

Inbound Control 1 172.5.3.59/255.255.0.0 Edit| Delete
Advanced 2 172.5.3.70/255.255.0.0 Edit Delete
Network Settings 3 172.5.3.66/255.255.0.0 Edit| Delete
Security 4 [172.5.3.67/255.255.0.0 Edit; Delete
» Firewall 5 172.8.3.66/255.255.0.0 Edit] Delete

« Service

Copyright @ 2006-2014 ZYCOO All Rights Reserved

1.10.3 VTO Configuration

Select ThirdParty from the Server Type drop-down list.
Enter door station number in the Username box.
The port number is 5060 by default.

PwDNPRE

interface.

WEB SERVICEZ.0 $itLocal Setting Bz Household Setting

SIP Server Enable

Server Type  ThirdParty

Firewall IP Address 17251031

Port

Usemame 3001 Enable

Password
SIP Domain
SIP Server Usemname

SIP Server Password

5. SIP registration of devices has been completed.

Password is 123456 and it is the same as the one you entered when adding devices on the ZYCOO
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2C0D

WE FOCUS WE DELIVER

ZYCOO IP Phone System Reloaded

Operator ¥

Extensions
@ I1de @ Ringing @ InUse @ Hold
800 801
“ 800(SIP) “ 801(SIP)
Al i) g Total:2 Online:2 Current Active: 0
Advanced
VoIP Trunks
Network Settil
etwol A Status Trunk Name Type Username Hostname/IP/Port
Security No VoIP Trunk defined.
Report You can click here to create Trunk.
System FXO/GSM Ports
Status Signal Strength Type Port
Disconn ed FXO 1
Disconnected FXO 2

Copyright © 2006-2014 ZYCOO All Rights Reserved

Reachability

BLF Label
Channell
Channel2

1.10.4 Group Call Configuration

If you want to use group call function, you need to do configurations through ZYCOO.
1. Add extensions in the Available Channels to the Ring Group Members.
2. Enter the name, label, extension number (you can call extensions in the group by this number) for

this ring group.

3. The number range of the Ring Group Members can be adjusted in Advanced > Options.
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« Home AT
« Operator List of Rina Groups

Basic
Inbound Control

« Inbound Routes
» [VR

« IVR Prompts

« Call Queues

e Ring Groups

e Black List

« Do Not Disturb

e Time Based Rules
Advanced

Network Settings

New Ring Group

Strategy: | RingAll

v

- e

=

- i

821(sIP) 821
822(sIP) 822
3001(SIP) 3001
4401(SIP) 4401
8001(SIP) 8001
- 8100(SIP) 8100
8601(SIP) 8501
0081(SIP) 9081

Ring Group Members
Label:

Available Channels

Extension for this ring group: 642

Ring {each/all} for lasting time(sec): 20
If not answered
Goto Extension

Security Goto Voicemail
Report ~/Goto Ring Group

WGoto IVR
System ®Hangup

Move the mouse over a field
to see tooltips
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« Home
s Operator
Basic
Inbound Control
Advanced
» Options
» Voicemail
» SMTP Settings
« Email to Fax
« Conferences
& Music Settings
» DISA
« Follow Me
« Call Forward
= Paging and Intercom
# PIN Sets
« Call Recording
« Smart DID
» Callback
« Phone Book
« Feature Codes
« Phone Provisioning
Network Settings
Security
Report

System

General

Codecs: The allowed codecs
can be selected. By default
only alaw, ulaw and G.729
are allowed.

Gen Global Analog Global SIP Settings

Local Extension Settings

Operator Extension:
Global Ring Time Set{sec): 30
Enable Transfer: ¢

Enable Attended Transfer Caller ID: L
Enable Music On Ringback: [/
Auto-Answer: L

Record Format:

Default Settings for New User

SIP: ¥ 1AX2:[] Web Manager: ¥ Call Waiting: ¢
Agent:L|  Voicemail:[_| Delete vMail:| | VM Password: 1234
NAT:*  Transport SRTP: L]

Audio Codecs
#lulaw #alaw G722 G720 [L1G.726 LIGSM LISpeex

Extension Preferences

User Extensions 3000 to 9999
Conference Extensions 200 to 909
IVR Extensions 610 to 629
Queue Extensions 630 to 639
Ring Group Extensions 640 to 659
Paging Group Extensions 660 to 679

Reset:
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