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Compatible SIP Endpoints

Yeastar have tested multiple IP phones, soft phones, intercom devices, and door phones with Yeastar S-Series VolP
PBX. Refer to the phone registration guides to register your phone to Yeastar S-Series VolP PBX.

Algo 8180G2 Audio Alert
Algo 8180G2 Test Report

This article is the Interoperability Test Report for Yeastar S-Series VolP PBX and Algo 8180G2 SIP Audio Alerter.

Tested equipment & software

Equipment Firmware/Software Version

Algo 8180G2 Audio Alerter 1.7.2

Yeastar S300 30.10.0.59

Summary of test focus

The following table shows a summary of the validated capabilities.

Feature Test Result

DUT Services

SIP Registration PASS
Inbound Call: Ring Extension PASS
Inbound Call: Page Extension PASS
Inbound Call: Emergency Alert PASS
Inbound Call: Multicast PASS
Serviceability PASS
PBX Services

Paging/Intercom Group PASS

Definitions

Word definitions in the following test plan table.

« DUT: Device Under Test, which in this case is the Algo 8180G2 Audio Alerter.

* Ring Extension: This is the extension that will be called from Phone A or Phone B in order to trigger a “Ring”
sound from the DUT. The DUT will expect to play ring tones, but will not answer the call.

e Page Extension: This is the extension that will be called from Phone A or Phone B in order to send paging
audio to the DUT. The DUT will answer the call automatically.

« Announcement Extension: This is the extension that will be called from Phone A or Phone B in order to play
selected announcement in the DUT. The DUT will answers the call automatically.

e Call to Cancel Extension: When the DUT is playing the emergency announcement, dial this extension from
Phone A or Phone B to cancel the announcement.
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¢ Phone A: A SIP compatible endpoint used to call the DUT.

¢ Phone B: A SIP compatible endpoint used to call the DUT and Phone A.

¢ Phone C: A SIP compatible endpoint used to register a Ring/Alert Extension.
Test plan
SIP Registration

The following test cases verify features related to the registration process with Yeastar S300.

Test Case Expected Result Test
Result

Attempt registering DUT Extension Registration failure status is correctly displayed in | PASS
using incorrect password. web interface

Attempt registering DUT Extension Registration failure status is correctly displayed in | PASS

using incorrect username. web interface.

Correctly register DUT Extension. DUT registers properly and status is correctly PASS
displayed in web interface

Register DUT multiple extensions. DUT registers properly and status is correctly PASS
displayed in web interface.

Register DUT Extension using UDP | DUT registers properly and status is correctly PASS

protocol. displayed in web interface

Register DUT Extension using TCP | DUT registers properly and status is correctly PASS

protocol. displayed in web interface

Register DUT Extension using TLS DUT registers properly and status is correctly PASS

protocol. displayed in web interface

Inbound Call - Ring Extension

The following test cases verify the Ring Extension with different Ring/Alert modes of the DUT.

Test Case Expected Result Test Result

Ring/Alert Mode: Monitor "Ring" event on registered SIP extension

Dial Ring Extension from Phone PASS

A « DUT answers the call automatically and plays

the selected ring sound.
« DUT continues to ring until the call is canceled
by Phone A.

Ring/Alert Mode: Use "Subscribe/Notify” dialog event (RFC4235)

'~ Note: Ensure Phone C is registered with the Page Extension.
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Test Case Expected Result Test Result
Select Alert Event to Ring, and T ; PASS
’ When Ph DUT pl
call Phone C (Ring Extension souirgj one Cis ringing, DUT plays ring
istered) fi Ph A. '
registered) from Phone When Phone C answers the call, DUT stops
playing ring sound.
Select Alert Event to In- . When Phone C is ringing, DUT doesn't play ring PASS
Use, and call Phone C (Ring sound
Extensi istered) fi '
PE:::L:” registered) from When Phone C answers the call, DUT starts
' playing ring sound.
When Phone C ends the call, DUT stops
playing ring sound.
Select Alert Event to Ring&In- T ; PASS
Use, and call Phone C (Ring \S/\(/)rlljir(]j Phone C is ringing, DUT plays ring
Extensi istered) fi '
xtension registered) from When Phone C answers the call, DUT replays
Phone A. .
the ring sound.
When Phone C ends the call, DUT stops
playing ring sound.
Ring/Alert Mode: Use "Subscribe/Notify"” presence event (RFC 3856/3863 PIDF) Not
Supported
Inbound Call - Page Extension
The following test cases verify the inbound paging feature of the DUT.
Test Case Expected Result Test Result
gial Page Extension from Phone DUT answers and a one-way audio page is PASS
: established from Phone A to UUT.
The call is terminated by hanging up Phone
A.
zial I;’agetE/xtensi;)ntLrom 'ﬁhone Mute: The DUT doesn't plays the audio PASS
and mute/unmute the call. from Phone A.
Unmute: The DUT plays the audio from
Phone A.
V\I/her:jthe Pang E{(ttﬁr;sr:on. iSA Phone B receives busy tone (DUT PASS
aready In a call with hone A, configured to allow only one simultaneous
dial the Page Extension from Page call)
Phone B. '
gial I;’age_ Etxt_entiion fl;lo][n Phone The call remains up after the Session PASS
and maintain the cal for a Refresh (REINVITE) is sent to the DUT.
period of time.

Inbound Call - Emergency Alert
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The following test cases verify the inbound Emergency Alert feature of the DUT.

Test Case Expected Result Test Result
Eiil Aqno?nceg\:nt A « DUT answers the call automatically and PASS
xtension irom Fhone A. plays the selected announcement.
e DUT keeps playing the selected
announcement even the call is canceled by
Phone A.
When DUT is playing an PASS

« DUT stops playing the selected

announcement, dial Call to announcement.

Cancel Extension from Phone
A.

Inbound Call: Multicast

The following test cases verify the Multicast Master/Sender feature on the DUT. The DUT acts as a multicast
master.

Test Case Expected Result Test Result

Prerequisite:
« On the DUT, set the Multicast mode to Master/Sender and configure the multicast IP address and
port.
* On the DUT, register a Zone 1 Page Extension.

« On the other phones, configure the same multicast IP address and port as the DUT to receive
multicast.

Dial the Zone 1 Page Extension PASS

from Phone A DUT plays the selected Page Tone and plays

the audio from Phone A.

¢ The other phones plays the DUT selected
Page Tone and plays the audio from Phone A.

PBX Feature: Paging/Intercom Group

The following test cases verify the Paging/Intercom Group of Yeastar S300. The DUT acts as a multicast slaver.

Test Case Expected Result Test
Result

Verify PBX feature: 1-Way Multicast Paging.
Prerequisite:

* On Yeastar S300, add a 1-Way Multicast Paging group.

* On the DUT, set the Multicast mode to Slave/Receiver and configure the same multicast IP
address and port as the Yeastar S300.

Dial the 1-Way Multicast Paging | DUT answers the call automatically, and the 1-way PASS
number from Phone A. paging is established.
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Test Case Expected Result Test
Result

Cancel the call by hanging up DUT ends the call and stops playing the paging audio. | PASS
Phone A.

Verify PBX feature: 1-Way Paging.
Prerequisite:

* On Yeastar S300, add a 1-Way Paging group.
» On the DUT, register a Page Extension.

The page extension is a member of the 1-Way paging group.

Dial the 1-Way Paging number | DUT answers the call automatically, and the 1-way PASS
from Phone A. paging is established.

Cancel the call by hanging up DUT ends the call and stops playing the paging audio. | PASS
Phone A.

Verify PBX feature: 2-Way Intercom.
Prerequisite:

e On Yeastar S300, add a 2-Way Intercom group.
* On the DUT, register a Page Extension.

The page extension is a member of the 2-Way Intercom group.

Dial the 2-Way Intercom number | DUT answers the call automatically, and the 2-way PASS
from Phone A. intercom is established.

Cancel the call by hanging up DUT ends the call and stops playing the audio. PASS
Phone A.

Serviceability

The following test cases verify the serviceability of the DUT.

Test Case | Expected Result | Test Result

Disconnect, then reconnect, the PASS

ethernet cable from the DUT.

DUT registers with the PBX server after the
network is restored.

Register Algo 8180G2 Audio Alerter with Yeastar S-Series VolP PBX

This guide describes the configuration steps required for Algo 8180G2 SIP Audio Alerter to interoperate with
Yeastar S-Series VolP PBX.

Below is a guideline of how to register a Ring extension and a Page extension on Algo 8180G2.You may need to
configure the other settings of the Algo 8180G2 Audio Alerter depending on your VoIP solution.

Network Topology
The following diagram shows how the testing network is configured for reference.
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Yeastar 5300

192 168.6.66
PoE Switch —
= GE
Router
102 168.6.165 ‘ 192 168.6.171

i 1000 |13

!

IP Phone Algo 818052

Local Network -

Yeastar S300 configuration

Add two SIP extensions on Yeastar S300, and provide the extension details in Algo 8101G2 web page.
1. Log in Yeastar S300 web interface, go to Settings—PBX—Extensions.
2. Add an extension, this extension will be registered as the Algo Ring extension.
a. Click Add.

b. Leave the default settings or change the General settings according to your needs.
c. Click Save and Apply.

Add Extension
Basic Presence Features Advanced Call Permission
| General
Type ©: 0O ax J Fxs
Extension O: 1000 Caller 1D ©: 1000
Registration Name ®: 1000 Caller ID name @: Algo-Ring
Concurrent Registrations ©: |1 Registration Password ©:

3. Add an extension, this extension will be registered as the Algo Page extension.
a. Click Add.

b. Leave the default settings or change the General settings according to your needs.
c. Click Save and Apply.
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Add Extension
Basic Presence Features Advanced Call Permission
| General
Type ©: O 1ax O Fxs
Extension ©: 1006 Caller D ® 1006
Registration Name ©: 1006 Caller ID name @: Algo-Page
Concurrent Registrations ©: 1 Registration Password ©:

Algo 8180G2 configuration
1. Access the Algo 8180G2 web interface, enter the password, and click Login.

The default password is algo.

2. Go to Basic Settings—SIP, enter the following settings.

SIP Settings

@ This section allows the SIP server information & account credentials to be entered. This information should be obtained from your tele|
see the Status tab to confirm successful registration.

SIP Domain (Proxy Server) I192.188.6.66 I
)Default port 1s 5060, To specity a different port,

Ring/alert Mode ®'Monitor "Ring” event on registered SIP g
SE SUDSCrDe, Hot 1alog even
Use "Subscribe/Notify™ presence event (R
None
Ring/Alert Extension [1000
Authentication 1D [10o0
Authentication Password [rassasenns [}
Display Name (Optional) [1000

liDThe device will detect inbound ring events on this extension and play the alerting tone (and multicast if configured) until the in

Base/Page Extension [1006
Authentication 1D [1006
Authentication Password frererersnransans [}
Display Name (Optional) [1006

lCDTIﬂe device will auto-answer any inbound call received on this extension and provide a voice paging path (and multicast if confi

« SIP Domain (Proxy Server): Enter the IP address of Yeastar S-Series VolP PBX.
¢ Ring/Alert Mode: Select Monitor "Ring" event on registered SIP extension.
¢ Ring/Alert Extension

Enter the extension details of Ring/Alert extension.

o Ring/Alert Extension: Enter the extension number.
o Authentication ID: Enter the extension's Registration Name.
o Authentication Password: Enter the extension's Registration Password.




- Base/Page Extension

Enter the extension details of Base/Page extension.
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o Ring/Alert Extension: Enter the extension number.
o Authentication ID: Enter the extension's Registration Name.
o Authentication Password: Enter the extension's Registration Password.

3. Click Save.

4. Go to Status to check the registration status.

If the extension is registered successfully, the status will display "Successful".

...... Status
Device Name

SIP Registration

sipalerter
Page Successful (Extension 1006)
Ring #1 Successful {Extension 1000)

Result:

*  When you dial the Ring/Alert extension 1000, the Algo 8180G will play ring tones until the you hang up

the call.

5 Note: The call is not answered.

« When you dial the Base/Page extension 1006, the Algo 8180G will answer the call automatically.

Algo 8201 SIP Intercom

Algo 8201 SIP Intercom Test Report

This article is the Interoperability Test Report for Yeastar S-Series VolP PBX and Algo 8201 SIP Intercom.

Tested Equipment & Software

Equipment

Firmware/Software Version

Algo 8201 SIP Intercom

1.6.2

Yeastar S300

Summary of test focus

30.10.0.59

The following table shows a summary of the validated capabilities.

Feature Test Result
DUT Services
SIP Registration PASS
Inbound Call PASS
Outbound Call PASS
Serviceability PASS

PBX Services
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Feature

Test Result

Paging/Intercom Group

Definitions

PASS

Word definitions in the following test plan table.

¢ DUT: Device Under Test, which in this case is the Algo 8180G2 Audio Alerter.
* Phone A: A SIP compatible endpoint used to place and receive calls.
« Phone B: A SIP compatible endpoint used to place and receive calls.

Test plan
SIP Registration

Test Case Expected Result Test
Result

Attempt registering DUT Extension Registration failure status is correctly displayed in | PASS
using incorrect password. web interface
Attempt registering DUT Extension Registration failure status is correctly displayed in | PASS
using incorrect username. web interface.
Correctly register DUT Extension DUT registers properly and status is correctly PASS

displayed in web interface
Register DUT Extension using UDP | DUT registers properly and status is correctly PASS
protocol. displayed in web interface
Register DUT Extension using TCP | DUT registers properly and status is correctly PASS
protocol. displayed in web interface
Register DUT Extension using TLS | DUT registers properly and status is correctly PASS
protocol. displayed in web interface

Inbound Call
Test Case Expected Result Test Result
Call the DUT from Phone A. A two-way audio call is established. PASS
Caltl t/he DU-It— frt(r)]m Pr;lone Aand * Mute: The DUT doesn't plays the audio from PASS
mute/un-mute the call. Phone A.
¢ Unmute: The DUT plays the audio from Phone

A.
When the DUT is already in a Phone B receives busy tone while Phone A call PASS
call with Phone A, call the DUT continues.
from Phone B.
Call the DUT from Phone A and | The call remains up after the Session Refresh PASS

maintain the call for a period of
time.

Outbound Call

(REINVITE) is sent to the DUT.




Test Case

Compatible SIP Endpoints | 1 - Compatible SIP Endpoints | 13

Expected Result Test Result

Press the call button on the DUT to When the call is answered by Phone A. a | PASS

call Phone A.

two-way audio call is established.

Call the DUT from Phone A and

Phone A doesn't answer the call.

Phone A continues ringing until timeout. | PASS

When an outbound call is established | Phone B receives busy tone, while PASS
on the DUT and Phone A, call the

DUT from Phone B.
Serviceability

Test Case

Phone A call continues.

| Expected Result | Test Result

Disconnect, then reconnect, the
ethernet cable from the DUT.

DUT registers with the PBX server after the
network is restored.

PBX Feature: Paging/Intercom Group

PASS

The following test cases verify the Paging/Intercom Group of Yeastar S300. The DUT acts as a multicast slaver.

Test Case

Expected Result

Test
Result

Verify PBX feature: 1-Way Multicast Paging.

Prerequisite:

* On Yeastar S300, add a 1-Way Multicast Paging group.

¢ On the DUT, set the Multicast mode to Slave/Receiver and configure the same multicast IP
address and port as the Yeastar S300.

Dial the 1-Way Multicast Paging | DUT answers the call automatically, and the 1-way PASS
number from Phone A. paging is established.
Cancel the call by hanging up DUT ends the call and stops playing the paging audio. | PASS
Phone A.
Verify PBX feature: 1-Way Paging.
Prerequisite:

¢ On Yeastar S300, add a 1-Way Paging group.

« On the DUT, register a Page Extension.

The page extension is a member of the 1-Way paging group.

Dial the 1-Way Paging number | DUT answers the call automatically, and the 1-way PASS
from Phone A. paging is established.
Cancel the call by hanging up DUT ends the call and stops playing the paging audio. | PASS

Phone A.
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Test Case Expected Result Test
Result

Verify PBX feature: 2-Way Intercom.
Prerequisite:

* On Yeastar S300, add a 2-Way Intercom group.
» On the DUT, register a Page Extension.

The page extension is a member of the 2-Way Intercom group.

Dial the 2-Way Intercom number | DUT answers the call automatically, and the 2-way PASS
from Phone A. intercom is established.

Cancel the call by hanging up DUT ends the call and stops playing the audio. PASS
Phone A.

Register Algo 8201 SIP Intercom with Yeastar S-Series VolP PBX

This guide describes the configuration steps required for Algo 8201 SIP Intercom to interoperate with Yeastar S-
Series VolP PBX.

Below is a guideline of how to register an extension on Algo 8201 SIP Intercom. You may need to configure the
other settings of the Algo 8201 SIP Intercom depending on your VolIP solution.

Network Topology

The following diagram shows how the testing network is configured for reference.
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Yeastar 5300
192.168.6.66
PoE Switch —
ISR ah
Router
192.168.6.165 192.168.6.172
&
Ext. 1004 % %: Ext. 1005
\&
IP Phone Algo 8201 Intercom
Local Network -

Yeastar S300 configuration

Add a SIP extension on Yeastar S300, and provide the extension details in Algo 8201 web page.
1. Log in Yeastar S300 web interface, go to Settings—PBX—Extensions.
2. Add an extension, this extension will be registered as the Algo Ring extension.
a. Click Add.

b. Leave the default settings or change the General settings according to your needs.
c. Click Save and Apply.

Edit Extension ( 1005 )
Basic Features Advanced Call Permission
| General
Type ©: W sip O 1ax J Fxs
Extension 1005 Caller 1D ©: 1005
Registration Name @D: 1005 Caller 1D name @: Algo-Intercom
Concurrent Registrations (0} 1 Registration Password ©: sessssssssssnens

Algo 8201 SIP Intercom configuration

1. Access the Algo 8201 web interface, enter the password, and click Login.
The default password is algo.

2. Go to Basic Settings, enter the following settings:
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d

SIP Settings

() This section allows the SIP server information & account credentials to be entered. This information should be obtained from your
the Status tab to confirm successful registration,

8 %o V'V

SIP Domain (Proxy Server) [192.168 6 .66
(i) Default port is 5060. To specify a different

-2

SIP Extension [1005
Authentication ID [1005
Authentication Password [eerersrareranes |
Extension to Dial [1004

(i) Phone number to be dialed when the cal

A

¢ SIP Domain (Proxy Server): Enter the IP address of Yeastar S-Series VolP PBX.

« SIP Extension: Enter the extension number.
« Authentication ID: Enter the extension's Registration Name.

¢ Authentication Password: Enter the extension's Registration Password.

« Extension to Dial: Enter an extension of Yeastar S-Series VolP PBX. When a visitor presses the blue
call button on Algo 8201, the extension will be dialed.

Click Save.
Go to Status to check the registration status.

If the extension is registered successfully, the status will display "Successful".

""" Status
Device Name sipintercom
SIP Registration Successful (Extension 1005)
Call Status Idle

Result:

¢ When a visitor presses the blue call button on the Algo 8201 SIP Intercom, the extension 1004 will ring.

ALCATEL Phone

Register ALCATEL Phone with Yeastar S-Series VolP PBX

This article is based on ALCATEL Temporis IP151 v1. 1. 0. B and Yeastar S-Series VolP PBX v30.8.0.14.

Configure the IP address via phone user interface

oo bd=

Press System—Network—Basic Settings—Dual Mode—WAN Setting.

Choose Static IP and alter the IP Address, Subnet Mask, Preferred DNS Server, Alternate DNS Server.
Apply it after inputting the correct information.

Reboot the phone and log in the phone web user interface using the new IP address.

Enter the user name and password, click Log In to enter the web user interface.

¢ User Name: admin
¢ Default Password: admin
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Account Registration

1. Log in the IP phone, go to System—SIP Account Management, select one account to configure.
2. Enable the account and fill in the extension information.

SYSTEM

SIP Account Management

STATUS SYSTEM

General Account Settings

Account 2
Call Settings I—
9 5] Enable Account I
Account 1
Account Label: [1007
Account 2
Display Name: [1007
Preferences

User Identifer:

Programmable Keys

Authentication Name: [1o07

Feature Keys

Authentication Password: | ------------

« Enable Register: check
e Account Label: The name you want to display on the phone screen.

« Display Name: The name you want to display on another person's phone screen when you are calling
the phone.

* User Identifier: Enter the extension's Caller ID.

« Authentication Name: Enter the extension's Registration Name.

Authentication Password: Enter the extension's Registration Password.

3. Inthe SIP Server section and Registration section, fill in your PBX information.

SIP Server

Server Address: | |

Port: [5060 |

Registration

Server Address: [

|
Port: [5060 |
Expiration (secs): [3600 |
Registration Freq (secs): [10 |

* SIP Server

o Server Address: Enter the domain or IP address of your PBX.
o Server Port: Enter the SIP port of your PBX.

¢ Registration

o Server Address: Enter the domain or IP address of your PBX.
o Port: Enter the SIP port of your PBX.

4. Click Apply.
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If the registration is successfully, the register status would show "Registered".

Cisco

Register Cisco Phone with Yeastar S-Series VolP PBX

This article is based on Cisco SPA509G and Yeastar S-Series VolP PBX v30.8.0.14.
This guide is applicable to the following phones:

» Cisco SPA series: 301, 303, 501G, 502G, 508G, 509G, 512G, 514G, 525G5
* Cisco CP7821

@ Note: For the IP phone with different firmware version, the web GUI may be different.

1. To check the IP address of the phone, press the menu key, go to Network, then press Select.

2. Type the phone IP address in your browser, click Enter key to access the web page of the IP phone.

3. In the upper-right corner, click Admin Login, then click Advanced to access the advanced administrator
page.

e Admin Login basic advanced

Aftendant Console Status

¢ Choose one account to configure. Here we click EXT1 to configure account 1. Configure the account
as follows:

4. Choose one account to configure. Here we choose EXT1.

a. Set the Line Enable to Yes.

General

Line Enable: yes v

b. In the Proxy and Registration section, set the Proxy to the domain or IP address of your PBX.

Proxy. |w% yesshas il (o

Qutbound Proxy:

Alternate Proxy:

Alternate Outbound Proxy:

Use Qutbound Proxy: mn

=]
L]

Register: yes r

3600 |
Use DNS SRV: [s]

Proxy Fallback Intl:

Register Expires:

t
F] F]
CRIE

=
L] L]

Dual Reqgistration:

c. In the Subscriber Information section, fill in the extension information.
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Display Name: | 1004 UseriD: | 1004
Password: | *erreases Use AuthID: | yes v
Auth ID: | 1004 Reversed Auth Realm:
Mini Certificate:
SRTP Private Key
Resident Cnline Number: SIP URL:

« Display Name: Set the name you want to appear on other phone’s display when calling other
phones.

e User ID: Fill in the extension number.

e Password: Fill in the extension's Registration Password.

¢ Use Auth ID: Set to Yes.

e Auth ID: Fill in the extension's Registration Name.

d. In the Dial Plan section, set the Dial Plan to [ x*]. .

Dial Plan
Dial Plan: | [=*].

Caller ID Map:

Enable IP Dialing: yes v

5. Click Phone tab, adjust the audio parameters according to the RTP settings on your PBX, and set RTP
Packet Size to

RTP Port Min: | 10000 RTP Port Max: | 12000
RTP Packet Size: |0.020 Max RTP ICMP Err: |0
RTCP Tx Interval: |0 No UDP Checksum: no v

Symmetric RTP: no v Stats In BYE: no v

0.020.
6. In the bottom of the page, click Submit All Changes.

The phone will restart. After the phone restarts, check if the extension is registered.

Fanvil

Register Fanvil Phone with Yeastar S-Series VolP PBX

This guide is based on Fanvil C400 and Yeastar S-Series VolP PBX v30.8.0.14.
This guide is applicable to the following phones:

* Fanvil C Series: C01, C58, C58P, C400, C600
¢ Fanvil X3 Series: X3, X3P, X3SP
¢ Fanvil X5 Series: X5,X5G

5 Note: For the IP phone with different firmware version, the web GUI may be different.

1. Log in the web page of the phone.

¢ User: admin
¢ Password: admin

2. Click Line and choose a line to configure.
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Linel 1010 (Registered)
Line2 N/A (Inactive) B keep online [IEEN

Basic Settings >>
Line Status (Registerad) SIP Proxy Server Address
Username 1010 SIP Proxy Server Port 5060
Display name 1010 Outbound proxy add.
Authentication Name 1010 Outbound proxy port
Authentication Password =~ |seees Realm
Activate v Attach to Line2

Codecs Settings >>

Advanced Settings >>

Apply |

¢ User Name: Fill in the extension number.

« Display Name: Set the name you want to appear on other phone's screen when calling other
phones.

* Authentication Name: Fill in the extension's Registration Name.

¢ Authentication Password: Fill in the extension's Registration Password.

¢ Active: Check

* SIP Proxy Server Address: Fill in the domain or IP address of your PBX.

¢ SIP Proxy Server Port: Fill in the SIP port of your PBX.

3. Click Apply.
If the extension is registered, the Line Status will show "Registered".

Grandstream

Register Grandstream Phone with Yeastar S-Series VolP PBX

This guide is based on Grandstream GXP2135 and Yeastar S-Series VolP PBX v30.8.0.14.
This guide is applicable to the following phones:

* Grandstream GXP Series 1160, 1165, 1400, 1405, 1450, 1610, 1620, 1625, 1628, 1630, 2130, 2135, 2140,
2160, 2170, 2200, 3240, 3245

=]
= Note: For the IP phone with different firmware version, the web GUI may be different.

1. Log in the web page of the IP phone.
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GRANDSTREAM  GXP2135

CONNECTING THE WORLD

¢ Username: admin
* Default Password: admin

2. Click Account tab, choose one account, and configure the general settings.

General Settings

Account 1 =

bocomt Active Mo ' Yes

Hetwork Settings

SIF Settings - Iﬁccount Wame Catherine

dudio Settings I SIF Serwver L =f NN -

Call Settings
Secondary SIF Serwver

Feature Codes

Bocount 2 £ Cutbound Progy

S

Account 3

Baclnp Mtbomd Prowy

Account 4 =
ELF Serwer

I SIF User ID 1000

I duthenticate ID 1000

I dnthenticate Password ssssssessses

Mame

Yoice Mail UserID

and Apply

¢ Account Active: Yes

« Account Name: Set a name for the account, the name will be displayed on the phone LCD.
e SIP Server: Fill in the domain or IP address of your PBX.

¢ SIP User ID: Fill in the extension number

¢ Authenticate ID: Fill in the extension's Registration Name.
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« Authenticate Password: Fill in the extension's Registration Password.

3. Click Save and Apply.
4. Go to Status—Account Status to check the account status.

If the extension is registered, the SIP Registration shows "Yes".

Account Status

Account SIF User ID SIF Sexwer SIF Registration
Aoocount 1 1non TE3S
Hikvision

Test Report for Hikvision DS-KH6320 Video Intercom Indoor Station

This article is the Interoperability Test Report for Yeastar S-Series VolP PBX and Hikvision DS-KH6320 Video
Intercom Indoor Station.

Tested equipment & software

Equipment Firmware/Software Version

Hikvision DS-KH6320 Video Intercom Indoor 2.0.2
Station

Yeastar S100 30.10.0.67

Summary of test focus
The following table shows a summary of the validated capabilities.

Feature Test Result
DUT Services
SIP Registration PASS
Inbound Call (audio) PASS
Outbound Call (audio) PASS
Inbound Call (video) PASS

Outbound Call (video) FAIL



Feature

Serviceability

Definitions
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Test Result

PASS

Word definitions in the following test plan table.

« DUT: Device Under Test, which in this case is the DS-KH6320 Video Intercom Door Station.

¢ Phone A: A SIP compatible endpoint used to call the DUT.

* Phone B: A SIP compatible endpoint registered on DS-KD8003, used to call the DUT.

* Phone C: A SIP compatible endpoint registered on Yealink T58A Video Phone, used to call the DUT for video

call.

Test plan
SIP Registration

The following test cases verify features related to the registration process with Yeastar S100.

Test Case

Attempt registering DUT Extension
using incorrect password.

Attempt registering DUT Extension
using incorrect username.

Correctly register DUT Extension.

Register DUT multiple extensions.

Register DUT Extension using UDP
protocol.

Inbound Call

Expected Result

Registration failure status is correctly
displayed in web interface.

Registration failure status is correctly
displayed in web interface.

DUT registers properly and status is
correctly displayed in web interface.

DUT registers properly and status is
correctly displayed in web interface.

DUT registers properly and status is
correctly displayed in web interface.

The following test cases verify the inbound calling capability of the DUT.

Test Case

Audio call

Expected Result

Test Result

PASS

PASS

PASS

PASS

PASS

Test Result
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Test Case

Call DUT from Phone
A.

Video call

Call DUT from Phone
B.

Outbound call

Expected Result

DUT answers the call and verify that a two-way audio
is established.

DUT continues to ring until the call is canceled by
Phone A.

Verify that a two-way audio call is established.

When DUT answered the call, DUT can monitor the
outdoor station in real-time.

The following test cases verify the inbound calling capability of the DUT.

Test Case

Audio Call

Expected Result

Dial extension number on the When the call is answered by Phone A, a

DUT to call Phone A.

two-way audio call is established.

Call the DUT from Phone A and  Phone A continues ringing until timeout.
Phone A doesn't answer the call.

When an outbound call is
established on the DUT and
Phone A, call the DUT from

Phone B.

Video Call

Phone B receives busy tone while Phone A
call continues.

Dial extension number on the Phone C answered the call, both DUT and

DUT to call Phone C.

Serviceability

Test Case

Disconnect, then reconnect the

phone C can get video call from each other.

Expected Result

Ethernet cable from the DUT. is restored.

Test Result

PASS

PASS

Test Result

PASS

PASS

PASS

FAIL

Test Result

DUT registers with the PBX server after the network = PASS
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Test Report for Hikvision DS-KD8003 Video Intercom Door Station

This article is the Interoperability Test Report for Yeastar S-Series VolP PBX and Hikvision DS-KD8003 Video
Intercom Door Station.

Tested equipment & software

Equipment Firmware/Software Version
Hikvision DS-KD8003 Video Intercom Door 2.1.0
Station
Yeastar S100

30.10.0.67

Summary of test focus
The following table shows a summary of the validated capabilities.

Tl Test Result

DUT Services

SIP Registration PASS

Inbound Call (audio) FAIL

Outbound Call (audio) PASS

Inbound call (video) PASS

Outbound call (video) PASS

Serviceability PASS

Definitions

Word definitions in the following test plan table.

« DUT: Device Under Test, which in this case is the DS-KD8003 Video Intercom Door Station.
¢ Phone A: A SIP compatible endpoint used to call the DUT.

¢ Phone B: A SIP compatible endpoint used to call the DUT and Phone A.

« Phone C: A SIP compatible endpoint registered on Yealink T58A video phone for video call.

Test plan
SIP Registration

The following test cases verify features related to the registration process with Yeastar S100.
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Test Case Expected Result Test Result
Attempt registering DUT Extension = Registration failure status is correctly displayed = PASS
using incorrect password. in web interface.
Attempt registering DUT Extension = Registration failure status is correctly displayed = PASS
using incorrect username. in web interface.
Correctly register DUT Extension. DUT registers properly and status is correctly PASS
displayed in web interface.
Register DUT multiple extensions. DUT registers properly and status is correctly PASS
displayed in web interface.
Register DUT Extension using UDP  DUT registers properly and status is correctly PASS
protocol. displayed in web interface.
Inbound Call
The following test cases verify the inbound calling capability of the DUT.
Test Case Expected Result Test Result
Audio call
Call DUT from Phone @ DUT will be able to answer the call and phone @ FAIL
A. A can get the audio from DUT site.
Video call
Call DUT from Phone | DUT will auto answer the call, video call PASS
C. will be established with DUT. Phone C can
monitor DUT status and DUT can not see the
status on Phone C.
Outbound call
The following test cases verify the inbound calling capability of the DUT.
Test Case Expected Result Test Result

Audio Call



Test Case

Press the call button on the DUT to call
Phone A.

Call the DUT from Phone A and Phone
A doesn't answer the call.

When an outbound call is established
on the DUT and Phone A, call the DUT
from Phone B.

Video Call
Press the call button on the DUT to call

Phone C.

Serviceability
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Expected Result Test Result

When the call is answered by Phone A, a PASS
two-way audio call is established.

Phone A continues ringing until timeout. PASS
Phone B receives busy tone for leaving PASS
message.

When Phone C answered the call, Phone PASS
C can monitor the outdoor status in real-

time, but DUT fails to monitor the status on

Phone C side.

The following test cases verify the serviceability of the DUT.

Test Case

Disconnect, then reconnect the
Ethernet cable from the DUT.

Expected Result Test
Result
DUT registers with the PBX server after the PASS

network is restored.

Integrate Yeastar S-Series VolP PBX with Hikvision Intercom Video

Devices

By integrating Yeastar S-Series VoIP PBX with Hikvision Video Intercom Indoor & Door Station, you can establish
video & audio call between the Indoor Station and the Door Station.

Local Network (Tested Environment)

In this guide, the Hikvision devices and Yeastar PBX are in the same local network.
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Figure 1: Local Network Topology

Yeastar S100 VolP PBX

iVMS 4200
Building
Indoor Station
PoE Switch
é ¥/Dc%tion
The following table shows the information of the tested environment.
Device Firmware Version IP Address
Yeastar S100 30.10.0.67 192.168.9.217
Hikvision DS-KH6320 Indoor Station V2.0.2 192.168.9.211
Hikvision DS-KD8003 Door Station V2.1.0 192.168.9.209

Public Network
If your PBX is not in the same network with Hikvision devices, you need to do port forwarding on the router.

» SIP registration port: Default UDP 5060
* RTP ports: Default UDP 10000-12000

@ Note: Hikvision devices and the iVMS 4200 client must in the same local network.

Preparation: Configure Hikvision iVMS-4200 Client

iVMS-4200 Client Software is a management software for Hikvision Devices. You can manage devices on the
client, including adding, modifying and deleting devices. You can also perform operations such as checking
online users and QR code for devices.

Install Hikvision iVMS-4200
Download and install iVMS-4200 Client Software on your local PC.

Register and Log in Hikvision iVMS-4200

You should register a super user and then you can log in the client with the super user account as administrator.


https://us.hikvision.com/sites/default/files/ivms-4200_v2.8.2.2_ml_windows_0.zip
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¢ Register a User
For the first time using the client software, you should register a super user for login.

Perform the following steps to register a super user for login.

o,
B~

iVMS-4200
1. After installing the client, double click IS8 to run the software.

Register Administator x

Please create a super user before proceeding

Super User: [I ]

Password: | |

Confirm Password:

Enable Auto-login

Register Cancel

2. Create a user name and password for the super user.
3. Confirm the password.
4. Optional: Check the Enable Auto-login checkbox to log in to the software automatically.
5. Click Register to register the super user.
¢ Login
Perform this task if you want to log in to the client software.
1. Run the client software to open login dialog.

&2 admin v
(5} |

Enable Auto-login

Login Cancel

2. Input the user name and password you registered.
3. Check the Enable Auto-login checkbox to log in to the software automatically for next running.
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4. Click Login to log in to the client software.

Activate Intercom Video Devices
For some devices, you are required to create the password to activate them before they can be added to the

software and work properly.

Perform this task to activate device:

1. Go to Device Management— Online Device.
2. Check the device status (shown on Security column) and select an inactive device.

Online Device (2)

Add to Client Add All

Filter

¥ Refresh Every 605

P i Device Type Firmware Version Security Server Port |Enhanced ... | Device Serial ... | Start Time Added Support Hi...| H
192166.9.209  DS-KDBOO3-IME1 V2.0.0build 190319 Active 8000 N/A DS-KDBOD3-L.. 2019-06-24 16:43:34  Ves N/A N
192.168.9.211  DS-KH6320-WTE1 V2.1.0build 190613 8000 N/A DS-KH6320-W... 2019-06-28 16:28:35  Ves N/A N

3. Click Activate to open the Activation dialog.
4. Create a password in the Password field and confirm the password.
Add Devices to iVMS-4200 Client

All active online devices in the same local subnet with the client software will be displayed on the Online Device
area. Add video intercom devices to iVMS-4200 Client so that you can configure and manage them on the client.

Choose one of the following methods:

¢ + Add to Client

You can add devices manually and specify nickname for identification on iVMS-4200 client.

1. Choose device and click + Add to Client.
2. Specify Nickname for the device and click Add.

Dieice for Management (0)
4 Add

Device Type  Nickname

-
Ondine Device(d)
s

= Addie Client | == Add Al

I Device Type

152.168.5.209  DS-KDE003-IMET

152.168.9.211

D5-KHE320-WTE1

Cony

Modify

Adding Mods:

= IPiDomain

Add CMing Device

Higknami
Addess

Transmission Encryplion (TLS)
Port
Usger Nams:
Password

Synchronize Device Time

| Export to Group

Sel e device name as the group name and 2dd all e channals

connedied (o he Gevsce 0 he group.

DS-ED8003-INE1

102 168.0.209

8000

admmin

ELXTETTTY

et Status

Add Cancel

[15:25:26

W2.1.0build 190613

Active

MfA

D5-KHE320-W.., 2019-06-28 16:28:35

% Refresh All

Firmware Upg... | Refresh

¥ Refresh Every 605 [

Added Support Hi.. H
Ne MyA N
Na LTS N

o Nickname: Enter a name for the device to identify. In this example, enter DS-KD8003-IME1.

o Address: Enter IP address of the device. The IP address of the device is obtained automatically in this
adding mode. In this example, IP address is 192.7168.9.209.

o Port: Enter the device port number. The default value is 8000.

o User Name: Enter the user name to log in to the client. The default user name is admin.

o Password: Enter the password to log in to the client. The default password is 12345.
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e + Add All
You can add all online devices to the client software with just one-click.

1. Click Add All— OK.
2. Enter User Name and Password, and click Add. Then all available devices will be added to the
iVMS-4200 Client with default setting.

User Name: Enter the user name to log in to the client. The default user name is admin.

Password: Enter the password to log in to the client. The default password is 12345.

Dievice tor Wanagament (0) O Refresh A1
t Agd d R
Dievice Type Nickname Conmectio... | Nebwork Paramet...| Device Serial No. EESRRIE
* POoman
Trassmis shon Encryston (TLS)
Uker biamn I
Are you s5ure 0 add all the online devices? | _ )
[ep—
R —
+ o ia G
T —
Ok Cancel
-
i
s
i
g
’
Gnling Device (2) I
- #dd Gancsl
[ Device Type Firmweare Version Security Server Port | Enhanced ... Dev
1921606209  DS-KDEO0I-IME] V2.0.0build 190315 Activg 8000 N/A D5-KDB00I-l... 2019-06-24 16:43:34 Mo NA |
1921686211 D5-KHEZ20-WTET V21 0build 150613 Active 8000 WA DS-KHE320-W.. 2019-06-28 162835 Ne N4 N

For more information about iVMS-4200 Client, refer to iVMS-4200 User Manual.
Step1. Configure Yeastar S-Series VolP PBX

Before you start to configure the Hikvision devices, you need to add extensions for the Hikvision devices and
configure the audio and video codecs on Yeastar S-Series VolP PBX to ensure normal audio calls and video
calls between the Hikvision devices.

Add two extensions for Hikvison devices

1. Log in the PBX web interface, go to Settings— PBX— Extensions, click Add.
2. Add an extension for Hikvision DS-KH6320 Indoor Station.

In this example, add extension 3620 for Hikvision DS-KH6320 Indoor Station.


https://us.hikvision.com/system/files_force/ivms-4200_v2.8.2.2_windows_user_manual_v2_0.pdf?download=1
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Edit Extension ( 3620 )

Basic Presence Features Advanced Call Permission
| General
Type @©: o sip O 1ax O rxs
Extension 3620 Caller ID @ 3620
Registration Name ©: 2620 Caller ID name @ 3620
Concurrent Registrations @: | 1 Registration Password {: LTI ITTIT T e

| User Information
Email ©: User Password O: ssssssssns

Prompt Language @: System Default - Mobile Number -

3. Add an extension for Hikvision DS-KD8003 Door Station.
In this example, add extension 3621 for Hikvision DS-KD8003 Door Station.

Edit Extension ( 3621 )

Basic Presence Features Advanced Call Permission
| General
Type @©: v 3IP ) 14 [ FXs
Extension 3621 Caller IDD: 3621
Registration Name @ 3621 Caller ID name ©: 36241
Concurrent Registrations ® 1 Regisiration Password @: sssssssssssssene a

| User Information
Email (@: User Password @: sssssssans

Prompt Language @O System Default - Mobile Number -

Configure audio and video codecs
The default audio and video codecs on Hikvision devices are G711_U and STD_H264.

To ensure the normal audio calls and video calls between Hikvision devices, the codecs u-law and H264 should
be selected on your PBX.



Compatible SIP Endpoints | 1 - Compatible SIP Endpoints | 33

Go to General— SIP— Codec, check if the two codecs are selected.

Preferences Feature Code Voicemail SIP 1AX Jitter Buffer API
General MNAT TLS Session Timer Q0S5 T.38 Advanced
Available Selected
u-law
ADPCM
H264
GT29A
a-law
MPEG4 E
. H csw [~ ]
] =]
H263P
iLBC

Step2. Configure Hikvision DS-KD8003 Door Station

Register an extension on Hikvision DS-KD8003 Door Station, configure the dial button, audio codecs, and video

codecs.

Register an extension on DS-KD8003

1. Log in iVMS-4200 client, go to Device Management— Device— Hikvision Device.
Select DS-KD8003 Door Station and click Remote Configuration.

View Tool

File System

Help

- = .
mm Control Panel =t Device Management

& jVms-4200

EE Device | Group

Device Type Device for Management (2)

3 Upgrade Server Device ‘Type Nickname

Add New Device Type

Door Station  KD8003

Indoor Station KH6320

Modify % Delete

£+ Remote Configuration 4 QR Code Activate B Device Status Uparade (0)
Connection Mode | Network Paramet... | Device Serial No. Security Net Status
TCR/IP 192.168.9.209:8000 DS-KDB003-IME10120... Weak @

TCP/IP 192.168.9.211:8000 DS-KH6320-WTE1012... Weak

2. Go to Intercom— Intercom Protocol, select SIP Control from the drop-down menu of Protocol, and click

Save.

3. If your PBX is not in the same network with Hikvision DS-KD8003, you should configure DNS server.

Go to Network—Advanced Settings, enter IP address of DNS server.
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- W System Configuring the Network Setting
&' Device Information
DNST IF Address: 8858
& General
DHS2 IP Address: 114114114114
& Time

Save
& System Mairtenance

& User

+ W& Intercom

= W@ Metwork
& Local Network Confguration
& SIP Settings
& Linked Network Configuration
W FTP Ssttings

+ & video Display

Saved

4. Go to Network— SIP Settings, enter the credentials of SIP extension 3621.

em View To Remote Configuration

=
mm Control Panel

- & System Configuring the SIP Parameters

¢ Device Information
B Device [l Group =
5 General

Registration Status:

Device Type @ Time
= Server: Domain Name -
e H
_ 2 S TS Server Domain:  192.168.9.217
S Upgrade Server i User

Server Port: 5060

Add New Devicel  + & Intercom
User Name: 3621

- & Network
Password: Password8501

% Local Network Configuration
I e o
Display Name: 3621

& Linked Network Configuration

Registration Period: 60 Minute(s)
& FTP Settings
4 Advanced Settings Save

+ & Videa Display

Hikvision Device: Encodil
StationiDecoder/Storage
Station/Master Station/Sey
PaneliAccess Controller

« Server Domain: Enter IP address of Yeastar S100. In this example, enter 192.168.9.217.
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< Server Port: Enter SIP registration port of Yeastar S100. The default port is 5060.
¢ User Name: Enter extension number. In this example, enter 3621.

e Password: Enter registration password of the extension.

¢ Number: Enter extension number. In this example, enter 3621.

5. Click Save.

If the extension is registered, the Registration Status will display "Registered".

Dial Setting

1. On the Remote Configuration page of Hikvision DS-KD8003 Door Station, go to Intercom—Dial.
2. Configure the Dial settings:

¢ Quick Press for Calling Center: Optional. This option is applied to a residential call center. When a
guest presses the Dial button, the call will be received on iVMS-4200 client.

= Note: In our scenario, do NOT check this option, or the incoming calls cannot reach the DS-
KH6320 Indoor Station.

e CalledName: Enter the extension number of the DS-KH6320 Indoor Station. In this example, enter

3620.

When a guest presses the Dial button, the Indoor station will ring.
- @ System

5 Device Information Dial

%) General

Number. 1 ~
i Time
[] Quick Press for Calling Center
3 System Maintenance
CalledMame [3520—]
w5 User )
Save

= df) Intercom

57 1D Configuration

5 Time Parameters

5 Permission Password

5 Access and Elevator Control
2 10 Input/Output

5 Volume Input/Output
3. Click Save.

Audio & Video Setting

1. On the Remote Configuration page of Hikvision DS-KD8003 Door Station, go to Video Display— Video &
Audio, configure the following settings:

¢ Video Type: Select Video & Audio, both video and two-way audio will be established when the call is
answered.

¢ Audio Encoding Type: G711_U
¢ Video Encoding Type: STD_H264

= Note: Make sure the audio codec and video codec are selected on the PBX.
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Remote Configuration *

- & System Configuring the Image Quality, Resolution and Other Parameters of the Camera
¥ g g g Y

47 Device Information Video

w5 General Stream Type: Main Stream - Video Type: |Video & Audio "'I

& Time . .

Bitrate Type: Variable v Max Bitrate: 2048 Kbps | v
4 System Maintenance
Video Quality.: Medium ~ Resolution: HD720P(1230%720) ™

5 User
= é (R Frame Type: P v Frame Rate: 25fps v
+ ﬂ Network | Frame Interval: 50 . Audio Encoding Type: G711_U ™
- & Video Display Video Encoding Type: STD_H264 )

i Video Parameters File Size Per Day: 21.0G

Copy to... Save

2. Click Save.
For more information about Hikvision DS-KD8003 Door Station, refer to DS-KD8003 Door Station User Guide.
Step3. Configure Hikvision DS-KH6320 Indoor Station

Register an extension on Hikvision DS-KH6320 Indoor Station, and configure other settings of the Hikvision DS-
KD8003 according to your usage scenarios.

Register an extension on DS-KH6320 Indoor Station

1. Log in to iVMS-4200 client, go to Device Management— Device— Hikvision Device.
Select DS-KH6320 Indoor Station and click Remote Configuration.

i o o T i A ivMs-4200 admin @ &8 ¥4 165424 @
== Control Panel é2  Device Management
EE Device [l Group
Device Type Device for Management (2) 4+ Refresh All
_ Add Modify 3 Delete Remote Configuration | # QR Code Activate Upgrade (0) Filter
&8 Upgrade Server Device Type Nickname Connectio... | Network Paramet...| Device Serial No. Security Net Status
Add New Device Type Indoor Station  192.168.9.211 K TCP/IP 192.168.9.211:8000 DS-KHB320-WTE101... Weak %]
Hikvision Device 192.168.9.209 TCP/IP 192.168.9.209:8000 .3

2. Go to Intercom— Intercom Protocol, select SIP Protocol from the drop-down menu of Protocol, and click
Save.

3. If your PBX is not in the same network with Hikvision DS-KH6320, you should configure DNS server.

Go to Network—Advanced Settings, enter IP address of DNS server.


https://www.hikvision.com/mtsc/uploads/product/accessory/UD11560B-A_Baseline_Video_Intercom_Module_Door_Station_User_Manual_V2.0_20190313.pdf
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figuration

= W System Configuring the Advanced Metwork Settings

@ Device Information
DNS1IP Agdress: 8838

& General
DMN32Z P ABdress:  114.114.114.114
w Timne
Sae
W System Maintensnce
W User
RS4B5

&
* G Irtereom
= W Network
& Local Netwerk Configuration
& SIP Setfings

@ Linked Network Configuration

Saved

4. Go to Network— SIP Settings, enter the credentials of SIP extension 3620, and click Save.
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- & System

i Device Information

s General

i@ Time

w5 System Maintenance

i User

w5 RS485
= ﬁ- Intercom

i 1D Configuration

i Time Parameters

5 Permission Password

i Zone Alarm

i IP Camera Information

5 Volume Input/OQutput

w5 Ring Import

4 Deploy Info

% Intercom Protocol
- & Network

4 Local Network Configuration
.
5 Linked Metwork Configuration

5 Advanced Settings

Configuring the SIP Parameters

Registration Status:

Server:

Server Domain:
Server Port:
User Name:
Password:
Mumber:
Display Name:

Registration Period:

Registered

Domain Mame
192.168.9.217
5060

3620
Password12451245
3620

3620

30

Minute(s)

Save

« Server Domain: Enter IP address of Yeastar S100. In this example, enter 192.768.9.217.
e Server Domain: Enter IP address of Yeastar Cloud PBX. In this example, enter yeastar.cloudpbx.com.

¢ Server Port: Enter the SIP registration port of Yeastar S100. The default port is 5060.
¢ User Name: Enter extension number. In this example, enter 3620.
« Password: Enter registration password of the extension number.
¢ Number: Enter extension number. In this example, enter 3620.

5. Click Save.

If the extension is registered, the Registration Status will display "Registered".

6. Configure this Indoor Station to monitor the real-time status of the DS-KD8003 Door Station.

Go to Network— Linked Network Configuration, configure the following settings:
¢ (Main) Door Station IP Address: Enter IP address of Hikvision DS-KD8003. In this example, enter

192.168.9.209.

¢ Main Door Station Type: Select Main Door Station (D-series).
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Remote Configuration x

- &% System Configuring the Network and Sip Parameters
% Device Information Linked Network Configuration
£ Eemae Device Type: | Indoor Station
& Time | tusin) Door Station IP Address: [192.168.2.208 |
& System Maintenance Security Control Panel IP Address: [0.0.0.0
& User Security Control Panel Port Mo.: |U |
W RS485 |Mam Door Station Type: | WMain Door Station (D ... = I
- & Intercom ManageCenterlD: 0
% |ID Configuration Save

w5’ Time Parameters
¢ Permission Password
% Zone Alarm
¢ IP Camera Information
%7 Volume Input/Output
% Ring Import
i Deploy Info
% Intercom Protocol

- & Network
4 Local Network Configuration
%7 SIP Settings

4 Advanced Settings

Call Forwarding settings

To prevent from missing any visits, you can set your mobile phone number as a destination of call forwarding. If
no answer from the indoor station, your mobile phone will receive the call.

1. Configure Call Forwarding destination on Yeastar S100.

a. Log in the PBX web interface, go to Settings— PBX— Extensions, edit the extension for Hikvision DS-
KH6320 Indoor Station.
b. Click Presence tab, configure Call Forwarding settings.

| call Forwarding
) Aways @
¥ No Answer @ Mobile Mumber - Prefix 18559232950
¥ When Busy @ Voicemail E

¢ Select the checkbox No Answer and select the destination to Mobile Number.
« Set Mobile Number.
« Enter the Prefix according to the dial pattern settings of outbound route.

c. Click Save and Apply.
2. Configure Call Forwarding time on Hikvision DS-KH6320 Indoor Station.

a. On the Hikvision DS-KH6320, tap Settings— to enter the Call Settings page.
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b. Set the Call Forwarding time.

The ring duration limit beyond which the call is automatically forwarded to the mobile phone designated
by the resident.

<, Call Settings
Ringtone t 2

Ring Duration ¥

Call Forwarding

Microphone Volume

Prompt Sound Volume

Call Volume

In this case, the call to 3620 (DS-KH6320 Indoor Station) will be forwarded to mobile phone after 30s. If no
answer from mobile phone, the call will be dropped.

DND (Do Not Disturb) Settings

The DND (Do Not Disturb) feature allows you to set quiet hours for family time, movie time, or nap time. If DND is
enabled on the Indoor Station, when a guest visits, the Indoor Station will not ring while the call log can be saved

for your further query.

= Note: DND settings on Hikvision DS-KH6320 Indoor Station has a higher priority over DND settings
on the PBX.

Configure DND settings on Hikvision DS-KH6320:

1. On the Hikvision DS-KH6320, tap Settings— to enter the Call Settings page.
2. Configure Do Not Disturb settings:
¢ Close: The indoor station will ring every time it is called by door station or other indoor stations.
¢ All Day: The indoor station will not ring all day when it is called by door station or other indoor stations,
but the call logs will be saved.
* Schedule: The indoor station will not ring between the start time and the end time when it is called by
door station or other indoor stations, but the call logs will be saved.

For more information about Hikvision DS-KH6320 Indoor Station, refer to DS-KH6320 Indoor Station User Guide.

Htek

Register Htek Phone with Yeastar S-Series VolP PBX
This article is based on Htek UC903 and Yeastar S-Series VolP PBX v30.8.0.14.

This article is applicable to the Htek UC series 802, 803, 804, 840, 842, 806, 862, 902, 903, 923, 924, 926.
= Note: For the IP phone with different firmware version, the web GUI may be different.

1. Log in the web page of the phone.
¢ Username: admin


https://www.hikvision.com/mtsc/uploads/product/accessory/UD12920B_Baseline_Video_Intercom_Indoor_Station_Configuration_Guide_V2.0.2(3).PDF
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« Password: admin

2. Click Account tab, choose one account to configure.

Account Account 1 v
Account Status Reqgistered
* Account Active Mo  '® Yes

* Primary SIP Server

Failover SIP Server [

Second Failover SipServer [

Frefer Primary SIF Server ® No Yes 7

Qutbound Proxy [

Backup Outbound Proxy i
*SIPTranspurt * UppP TCFP TLS i

MNAT Traversal Mo '™ No.butsend keep alive STUN

Label Lucas ?
* SIP User ID 1006 ?
* Authenticate ID 1006 ?
* Authenficate Password | |eeseeees [

Name Lucas] ?

e Account: Select one account to configure.
* Account Active: Yes
e Primary SIP Server: Fill in the domain or IP address of your PBX.

« SIP Transport: Choose the same transport of the PBX. The default SIP transport on the PBX
is UDP.

¢ Label: Set the name you want to appear on the phone screen.

» SIP User ID: Fill in the extension number.

« Authentication ID: Fill in the extension's Registration Name.

¢ Authentication Password: Fill in the extension's Registration Password.
* Name: The local phone name showing on the other phone when calling out.

3. Click Save Set.

If the extension is registered, the page will show "Registered".

Panasonic

Register Panasonic Phone with Yeastar S-Series VoIP PBX

This article is based on Panasonic KX-HDV130 v01.008 and Yeastar S-Series VolP PBX v30.8.0.14.
This article is applicable to the following Panasonic IP Phones.

* KX-HDV130
o KX-UT113



Compatible SIP Endpoints | 1 - Compatible SIP Endpoints | 42

o KX-UT123
e KX-UT133
e KX-UT136
o KX-UT248
e KX-UT670
« TGP500
« TGP550
1. Start up the phone and check its IP address.
a. Press Menu.
b. Go to System Settings—Network Settings—IPv4 Settings— Static.
2. Open the web service for the Panasonic phone.
a. Press Menu.
b. Go to Basic Settings—Other Option—~Embedded Web.
3. Log in the web page of the IP phone.

¢ Username: admin
¢ Password: adminpass

4. Click VolP, choose a line to configure.

a. In the Basic section:

Basic

Phone Number 1003

Registrar Server Address T MR

Registrar Server Port 5060 [1-65535]
Proxy Server Address £ N9

Proxy Server Port 5060 [1-65535]
Presence Server Address

Presence Server Port 5060 [1-65535]
Outbound Proxy Server

Address

QOutbound Proxy Server Port 5060 [1-65535]

Service Domain

Authentication ID 1003

Authentication Password | seseeessernenens

¢ Phone Number: Fill in the extension number.

¢ Registrar Server Address: Fill the domain or IP address of your PBX.

* Registrar Server Port: Fill in the SIP port of your PBX.

¢ Proxy Server Address: Fill in the domain or IP address of your PBX.

e Proxy Server Port: Fill in the SIP port of your PBX.

« Authentication ID: Fill in the extension's Registration Name.

¢ Authentication Password: Fill in the extension's Registration Password.

b. In the Advanced section:



5.

Polycom
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0 [0-63]

Click Save.

SIFP Packet QoS (DSCF)
Enable DNS SRV lookup
SRV lookup Prefix for UDP
SRV lookup Prefix for TCP
Local SIP Port

SIP URI

T1 Timer
T2 Timer

REGISTER Expires Timer
Enable Session Timer (RFC

4028)

Session Timer Method
Enable 100rel (RFC 3262)

Enable SSAF (SIP Source
Address Filter)

Enable ¢=0.0.0.0 Hold (RFC
2543)

ON ==
_sip._udp.
_sip._tecp.
5060

No

[1024-49151]

500 v | milliseconds

4 v | seconds

3600

0

seconds [1-4294967295]

seconds [60-65535, 0: Disable]

= [NVITE - UPDATE ' INVITE/UPDATE

Transport Protocol

* Yes No
Yes * No

* Yes No

* UDP|. TCP

SRV lookup Prefix for UDP: Enter _si p_udp.
SRV lookup Prefix for TCP: Enter _si p_t cp.
Local SIP Port: The SIP port number for each line must be unique, default value: 5060 (for

Line 1) and 5070 (for Line 2).

Transport Protocol: Choose the same transport protocol as the PBX.

If the extension is registered, you can see the VoIP status shows "Registered".

Register Polycom Phone with Yeastar S-Series VolP PBX
This guide is based on Polycom VVX 201 and Yeastar S-Series VolP PBX v30.8.0.14.

This guide is applicable to the following phones:

Polycom VVX Series: 101, 201, 300, 310, 400, 500, 600, 601, 1500
Polycom SoundPoint Series: IP321, IP331, IP335, IP450, IP550, IP560, IP670

@ Note: For the IP phone with different firmware version, the web GUI may be different.

To check the IP address of the phone, press Menu on the phone, go to Settings—Status—Network—TCP/
IP Parameter.

Enable Web service for the phone.

a. Press Menu on the phone, go to Settings—Advanced, enter the password 456.
b. Go to Administration Settings—Web Server Configuration, configure the following:
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¢ Web Server: Enabled
¢ Web Config Mode: Choose HTTP or HTTPS

3. Log in the web page of the phone.

= Note: For the firmware version 5.5.0 or later, the phone only supports HTTPS web login. You
need use HTTPS to log in the web page. For example, type htt ps: //192. 168. 6. 160 in your web

browser to access the phone web page.

Welcome to Polycom Web Configuration Utility

Enter Login Information

Login As * Admin User

Password

¢ Login as: Admin
*« Password: 456

4. Go to Settings—Lines, choose a line to configure.
a. Enable SIP Protocol.

SIP Protocol (@) Enable () Disable

SIP Settings

b. Expand Identification option, and set as the following:

Identification

(® Private  (_) Shared
Third Party Name [ |

MNumber of Line Keys |1 |

Calls Per Line [24 |
Enable SRTP ® Yes
Offer SRTP (JYes (@
Server Auto Discovery (®) Enable () Disable

* Display Name: Set the name you want to appear on other phone's screen when calling other
phones.

¢ Address: Fill in the extension number.
¢ Label: Set the name you want to appear on the phone screen.

c. Expand Authentication option, and set as the following:
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| Authentication

Use Login Credentials () Enable (@) Disable

Domain [ |
User ID [1003 |
Password [s000 |

¢ User Login Credentials: Disable
« User ID: Fill in the extension's Registration Name.
« Password: Fill in the extension's Registration Password.

d. Expand SIP Server 1 option, and set as the followings:

| SIP Server 1
Special Interop Standard kY
Address [ e il |
Port [5060 |
Transport [UDPOnly v
Expires (s) [3600 |
Subscription Expires (s) [3600 |
Register (®Yes (JMNo |
Retry Timeout {ms) o |

Retry Maximum Count [3 |

Line Seize Timeout {s) |30 |

¢ Special Interop: Standard

¢ Address: Fill in the domain or IP address of your PBX.

e Port: Fill in the same SIP port as the PBX.

e Transport: Choose the same transport protocol as the PBX.
¢ Register: Yes

5. Go to Settings—SIP, set the Digitmap to blank. In this way, you can dial any number out.

S5IP
| Local Settings
* SIP Protocol (® Enable () Disable

* Local SIP Port [o |

Calls Per Line Key [24 |
Enable Roaming buddies for
New SDP Type () Enable (@) Disable

) Enable

Live Communication Server Support (. Disable

* Non Standard Line Seize () Disable
Disable Forward For Shared Line (®) Enable () Disable
Digitmap

* Digitmap Timeout 213121313312 |
Remove End-of-Dial Marker (®) Enable () Disable

* Digitmap Impossible Match [o |

6. Click Save.

If the extension is registered, the Register Status will show "Registered”.
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Snom

Register Snom Phone with Yeastar S-Series VolP PBX

This article is based on Snom D305 and Yeastar S-Series VolP PBX v30.8.0.14.
This article is applicable to the following phones:

Snom 320, 710, 715, 720, 725, 760, 765
Snom D Series: 305, 315, 345, 375

3. Click RTP tab, set RTP Encryption to Off if you don't enable SRTP feature for the extension.

@ Note: For the IP phone with different firmware version, the web GUI may be different.

To check the IP address of the phone, press Settings—Information—System Info or press
Menu—Information—System Info.

Log in the web page of the phone, go to Setup—ldentify 1 to configure the account 1.

Operation
Home
Directory
Setup
Preferences
Speed Dial
Function Keys
Identity 2
Identity 3
Identity 4
Action URL Settings
Advanced
Certificates
Software Update
Status
System Information
Log
SIP Trace
DNS Cache
Subscriptions
PCAP Trace
Memory
Settings
Manual

Login Features SIP

Login Information:

RTP

Identity active: ®on Uoff (&)

Displayname: |Jc-}"r | ®
Account: |1002 | @
Password: [sessnces | @
Registrar: [ | @
Outbound Proxy: | | @
Failover Identity: Identity 1 ¥ ®

Authentication Username: [1002 | ®
Mailbox: [2 | @
Ringtone: Ringer 1 v @

Custom Melody URL: | | @
Display text for idle screen: | | @
Ring After Delay (sec): | | ®
Record Missed Calls: ®on off @

Record Dialed Calls: ®on \off @

Record Received Calls: ®on Uoff @

Identity is hidden: on '"®off ®

Apply Re-Register Play Ringer

Remove Identity Remove All Identities

¢ Identify active: On
¢ Displayname: Fill in the name you wish to appear on the phone screen.
e Account: Fill in the extension number.
e Password: Fill in the extension's Registration Password.

¢ Registrar: Fill in the domain or IP address of your PBX.

« Authentication Username: Fill in the extension's Registration Name.

* Mailbox: Fill in the feature code of Check Voicemail on the PBX. The default code is *2.
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Operation
Hlome &Some settings are not yet stored permanently. View Changes @
Directory
Setup Login Features SIP NAT RTP
Preferences . .
Speed Dial RTP Identity Settings: ®
Function Keys Codec: . |pcmL_.pcma_.g?zz_.g?zg_.gsd
Identity 1 Packet Size: 2Wmsv| @
Identity 2 Filtered codec list: pcmu, pcma, g722, 9729, gsm, telephone-
Identitv 3 event
Identity 4
Action URL Settings Full SDP Answer: *on U off @
Advanced Symmetrical RTP: on '*off @
Certificates IRTP Encryption: on "*off (€] |
Software Update G.726 Byte Order: *RrFc3551 Uaaz @
Status SRTP Auth-tag: ®aEs-32 UaEs-80 @
System Information RTP/SAVP: off ¥
Log Media Transport Offer: ubPv| @
SIP Trace Media Transport Offer Setup: active v| @
DNS Cache Multicast relay address: | | @
Subscriptions
PCAP Trace
Memory

4. Click Apply, then click Save in the top-right corner.

X-Lite

Register X-Lite Soft Phone with Yeastar S-Series VolP PBX
This guide is based on X-Lite PC client v5.2.0 and Yeastar S-Series VolP PBX v30.8.0.14.

1. Launch X-Lite, go to Softphone—Account Settings, configure the SIP account.
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SIP Account

Account Voicemail Topology Presence Transport Advanced

Account name: 1009

Protocol:

Allow this account for

Vi Call

' IM / Presence

User Details

* User ID: 1009

* Domain:

Password: eeesesse
Display name: Carol

Authorization name: 1009

Domain Proxy
+/ Register with domain and receive calls

Send outbound via:
* Domain

Proxy Address:

Dial plan: #1\a\a.Timatch=1:prestrip=2;

OK Cancel

¢ Account name: Set a name for the account.

e User ID: Enter the extension number.

« Domain: Enter the domain or IP address of your PBX.

« Password: Enter the extension's Registration Password.

« Display name: Set the name that you want to appear on the soft phone screen.
¢ Authorization name: Enter the extension's Registration Name.

2. Click OK.

If the extension is registered, you can see the status shows as below.
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X-Lite - Carol

softphone  Wiew Contacts Help

Available * [ Qo

- o !

‘ Enter name or number hd
1 2 3
4 5 6
7 8 9
® 0 #
MicroSIP

Register MicroSIP Soft Phone with Yeastar S-Series VolP PBX

This guide is based on the MicroSIP v3.17.3 and Yeastar S-Series VolP PBX v30.8.0.14.

1. Launch MicroSIP, go to Menu—Add Account, configure the account settings.
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Account ¥
Account Mame | 1009

SIP Server | t smugeiiat sl 2

SIP Proxy | B

User * |1009 2

Domain * | v gzt il 2

Login | B

Pazzword |oooooooo ?

display password

I

Display Name |Carol |

[

Voicemail Mumber | |

Media Encryption | Disabled ~| 2
Transport | UDP w I ?

Public Address |'°-UtD w | ?
[JPublish Presence ?

[Jice 2

] Allow TP Rewrite ?

[

[ pisable Session Timers

« Account Name: Set the name that you want to appear on the soft phone screen.
e SIP Server: Enter the domain or IP address of your PBX.

¢ User: Enter the extension number.

« Domain: Enter the domain or IP address of your PBX.

« Password: Enter the extension's Registration Password.

« Display Name: Set the name you want to appear on the other phone's screen when calling
out.

< Transport: Choose the same protocol of the PBX. The default protocol on PBX is UDP.
2. Click Save.

If the extension is registered, you can see the status shows as below.




&) MicroSIP - 1009 - O d
Dislpad | Calls | Contacts | Menu | ?
7 1 ABC 3 oer +
GH h ke 6 Mo
POR 8 TUW 9 WEYE
- 3k 0 b -
4 R + C h
() call =
[B Online |

3. Go to Menu—Settings, enable G729 and iLBC codecs.
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= Note: G729 and iLBC are the default enabled codecs on the PBX. To ensure the call is normal,
you need to enable the G729 or iLBC codec on the soft phone.

Settings

? [~]single Call Mode

Ringing Sound |

Available Codecs

Ring Device | Default
Speaker  Default

Microphone | Default

G.722 16 kHz
G.723 8 kHz
GSM 8 kHz

AMR 8 kHz
AMRAVB 16 kHz

Speex 16 kHz

W

2 [vap ? [ec

4. Click Save.

Mitel

[IMicrophone &mplification
[]software Level Adjustment

Enabled Codecs

x

[ RS RN

Opus 24 kHz

o] |G.711 Adaw
G711l udaw
G.729 8 kHz

* | |iLBC 8 kHz

I

? []Force Codec for Incoming

Register Mitel Phone with Yeastar S-Series VoIP PBX

This guide is based on Mitel 6867i v4.1.0.148 and Yeastar S-Series VoIP PBX v30.8.0.14.

= Note: For the IP phone with different firmware version, the web GUI may be different.
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1. Log in the web page of the phone.

2. Go to Advanced section, choose a line to configure.
a.

b.

¢ Username: admin
¢ Password: 22222

In the Basic SIP Authentication Settings, enter the extension information.

Configuration Line 1

Basic SIP Authentication Settings

Screen Name
Screen Name 2
Phone Number
Caller ID
Authentication Name
Password

BLA Mumber

Line Mode

Call Waiting

1009

1009
1009
1009

Generic
Global

L

v

In the Basic SIP Network Settings, enter the PBX information.

Screen Name: Set the name that you want to display on the phone screen.
Phone Number: Fill in the extension number.

Caller ID: Fill in the extension's Caller ID.

Authentication Name: Fill in the extension's Registration Name.
Password: Fill in the extension's Registration Password.

Basic SIP Network Settings

Proxy Server

Proxy Port 5060
Backup Proxy Server

Backup Proxy Port 0
Cutbound Proxy Server

Cutbound Proxy Port 0
Backup Outbound Proxy Server

Backup Outbound Proxy Port 0
Reqistrar Server

Reqistrar Port 5060
Backup Registrar Server

Backup Registrar Port 0
Reqistration Period 120

Conference Server URI

3. Click Save Settings.

Proxy Server: Fill in the domain or IP address of your PBX.

Proxy Port: Fill in the same SIP port of the PBX. The default SIP port on the PBX is 5060.
Registrar Server: Fill in the domain or IP address of your PBX.
Registrar Port: Fill in the same SIP port of the PBX. The default SIP port on the PBX is 5060.

Registration Period: Set the registration period according to the settings on your PBX. The
default range of SIP registration time on the PBX is 60-3600 seconds.
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4. Go to Advanced—Global SIP, set the RTP settings and codec preferences.
a. Inthe RTP Settings section, configure the RTP according to the settings on your PBX.

RTP Settings

RTF Part 10000

Force RFC2833 Out-of-Band DTMF < Enabled

DTMF Method RTP v

RTFP Encrypfion SRTF Disabled

* Force RFC2833 Out-of-Band DTMF: Enabled
« DTMF Method: RTP
e RTP Encryption: If you don't enable SRTP for the extension, choose SRTP Disabled.

b. Inthe Codec Preference List section, set the codec preferences according your PBX settings.

5 Note: G729 and iLBC are the default enabled codecs on the PBX, you should enable
the G729 codec or the iLBC codec on your phone.

Codec Preference List

Mote: Basic Codecs Include G.711u (8K), G.711a (8K), G.720

Codec 1 G.729 v
Codec 2 iLEC v
Codec 3 G.71u(8K) v
Codec 4 GT711a(8K) v
Codec 5 MNane v
Codec 6 MNane v
Codec7 MNane v
Codec 2 MNane v
Codec 9 MNane v
Codec 10 MNane v
Packetization Interval o

Silence Suppression Enablad

5. Click Save Settings.
6. Reboot the phone to make the configuration take effect.

You can check the extension status via Status—System Information. If the extension is registered, the
status shows "Registered".

Vtech

Register Vtech Phone with Yeastar S-Series VolP PBX
This guide is based on the Vtech VSP610A v2. 0. 3. 0 and Yeastar S-Series VoIP PBX v30.8.0.14.

I Note: For the IP phone with different firmware version, the web GUI may be different.

Configure the IP address via phone user interface

Press System—Network—Basic Settings—Dual Mode—WAN Setting.

Choose Static IP and alter the IP Address, Subnet Mask, Preferred DNS Server, Alternate DNS Server.
Apply it after input the correct information.

Reboot the phone and log in the phone web user interface using the new IP address.

Enter the user name and password, click Log In to enter the web user interface.

oo bd=
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¢ User Name: admin
¢ Default Password: admin

Account Registration

1.

Log in the IP phone, go to System—SIP Account Management, select one account to configure.

2. Enable the account and fill in the extension information.

3.

STATUS SYSTEM NETWORK

SIP Account Management

Account 1 SYSTEM ACCOUNT MANAGEMENT ACCOUNT 1

Account 2

Account 3 General Account Settings

Account 4

Account 5 ¥/ Enable Account

Account 6 Account label: 1007
call Settings Display Name: 1007

Account 1 User Identifer: 1007

Account 2 Authentication Name: 1007

Account 3 Authentication P(E.word: ------------

« Enable Register: check

¢ Account Label: The name you want to display on the phone screen.

« Display Name: The name you want to display on another person's phone screen when you are calling
the phone.

» User Identifier: Enter the extension's Caller ID.
« Authentication Name: Enter the extension's Registration Name.
¢ Authentication Password: Enter the extension's Registration Password.

In the SIP Server section and Registration section, fill in your PBX information.

SIP Server

Server Address: [ |
Port: 5060 |

Registration

Server Address: [

|
Port: 5060 |
Expiration (secs): [3600 |
Registration Freq (secs): [10 |

IPOPRPVL L WO T WY S

» SIP Server
o Server Address: Enter the domain or IP address of your PBX.
o Server Port: Enter the SIP port of your PBX.

¢ Registration

o Server Address: Enter the domain or IP address of your PBX.
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o Port: Enter the SIP port of your PBX.

4. Click Apply.
If the registration is successfully, the register status would show "Registered".

Yealink

Register Yealink Phone with Yeastar S-Series VolP PBX
This guide is applicable to all the Yealink phones and Yeastar S-Series VolP PBX v30.8.0.14.

@ Note: For the IP phone with different firmware version, the web GUI may be different.

1. Log in the web page of the phone.

¢ Username: admin
¢ Password: admin

2. Click Account tab, and choose one account to configure.

Yealink | vs:»

Account

. Account 1 v
e L T EET—
Register Status Registered
Basic
Line Active Enabled
Codec Label 1001
Advanced Display Namea 1001
Register Name 1001
Liser Name 1001
Password T
SIP Server 1
Server Host = pEmamsiiE Port | 5060
Transport LIDP

Server Expires

Account: Choose one account.
Line Active: Enabled

3600

Label: Set the name you want to appear on the phone screen.
Display Name: Set the name you want to appear on the other phone's screen when calling

out.

Register Name: Fill in the extension's Register Name.
User Name: Fill in the extension number.

Password: Fill in the extension's Registration Password.
Server Host: Fill in the domain or IP address of your PBX.

Port: Fill in the same SIP port of the PBX.

Transport: Choose the same transport protocol of your PBX.

3. Click Confirm.
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If the extension is registered, you can see the Register Status shows "Registered".

Yealink | e
Network DSSKey

Register _Account 1 ¥ |
| Register Status Registerad |
Basic
Line Active | Enabled v
Ll v
Zoiper

Register Zoiper Soft Phone with Yeastar S-Series VolP PBX

This guide is based on the Zoiper PC client v5.2.12 and Yeastar S-Series VolP PBX v30.8.0.14.

1. Launch Zoiper PC client, enter the extension number and the extension's Registration Password, then click
Login.

A Zoipers

.@ZoiPer

1009

Username and password

If you already have a VolIP account, please enter your login
credentials to the left.

Most often these are provided either by your VolIP provider, or
by your system administrator for your office’s IP PBX.

Create account “we will try to autematically find the necessary configuration for your account. If such dees

not exist in our database, you'll be asked to enter specific details.

2. Enter the domain or IP address of your PBX, click Next.
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b Zoipers

Fill in your hostname
and select your
provider from the list

Hostname

This could also be called ‘Domain’, ‘SIP server’, 'Registrar’ or ‘SIP
Proxy’. For example ‘sip.example.com’ or “123.21.123.32:5060".
You can also just search for the name of your provider, maybe
we know the settings. If not — you'll be able to set it up
manually.

3. Click Skip.
b Zoipers
Optional

Authentication and
Outbound proxy

Authentication username

*If your VolIP provider or office PEX does
not require these additional settings

4 . ;
click "Skip to cantinue Not sure if you need this? Ask your VoIP provider or system

administrator about the requirements for your office PBX.

Outbound proxy

This is typically not required. However, in some special
environments it is needed for network access.

(= [Em

4. Click Next.
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O Zoipers

Please wait, we are
testing possible
configurations

o serce T
spuoe (T
1AX UDP

Success!

We have found some transport type(s) that are available for
your configuration.

The default ones marked with ‘Recommended’ are priority
ordered based on the stability and security of said protocols.
However, you are free to choose manually one of the options
as the default transport type and save your configuration.

5. Check the account status.
If the extension is registered, you can see the status shows as the following figure.

& Zoipers - O %
] Accounts X
sIP Do you need help?

+ 1009@xas T

FAQ: Looking for a boring manual or some fancy tutorials? Find many frequently asked
questions and additional user guides at our help page.

Community: Are you using the free version and need help, but can't find it in the manuals
and tutorials? Ask your fellow ZoiperS users on our community forum.

Corporate: Check our full product portfolio, whitelabel branding solutions, SDKs and get
in touch with us on our Ask the Zoiper5 staff on website.

Found a bug? Report it here.

You are running:

Phone version: Zoiper5 5.2.12 for Windows 64bit
Library revision: v2.8.80

Phone revision: 5.2.12_Windows

Ul revision: 1.1.22

Add
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