o
7¢ Yeastar

Compatible SIP Endpoints

Yeastar Cloud PBX

Version: 1.0
Updated: December 4, 2019

. Support: +86-592-5503301
= Support: support@yeastar.com
d https://www.yeastar.com

Yeastar Information Technology Co.Ltd. -



Contents

Compatible SIP ENAPOINLES..........cciiciciiiiiiiiirisisrccsc s sr e e e e e s s e s s s s s s s s ssssmms e s s e e e e e e e sesasss s sssssnnnnnnansnnnesnenesnnnnnen 3
F IO I =] I T o =SS 3
Register ALCATEL Phone with Yeastar Cloud PBX....... ..o 3
(0T o O TP PO P TS OUPP PSP PPRRN 4
Register Cisco Phone with Yeastar Cloud PBX.........cooo it 4
FANVILL ..t h e h e h e a e a e et eh e e e e e e e e e et n e e e e a e e e are e naneas 6
Register Fanvil Phone with Yeastar Cloud PBX.........ooo it 6

(€ Tr= TaTo S (=T o o FO PP PP PP PP VPP PRI 7
Register Grandstream Phone with Yeastar Cloud PBX...........coo i 7
HE K ettt ettt ettt ettt e e et et et e n b e R e easeeReeseeReeAeeeReeReenteeReenseeneenseeneeneeareeneenteeneenseenin 8
Register Htek Phone with Yeastar Cloud PBX..........i e 8
PANASONIC. ...ttt n et et e e bt e e e e e e e e e e r e e e e e neree s 10
Register Panasonic Phone with Yeastar Cloud PBX..........ooo it 10

0] Yoo o o TSRS 11
Register Polycom Phone with Yeastar Cloud PBX........co.uiiiiiii e 11

T 0To] 2 o FO TP OO PP PT SR PPRROI 14
Register Snom Phone with Yeastar Cloud PBX........c.ooo it 14
D1 { SRS 16
Register X-Lite Soft Phone with Yeastar Cloud PBX...........cueiiiiiiiiiiaeiie e 16
IVHICTOSIP ...ttt e et sab et oo a et e st e e e eh st e e s bt e e ae et e ehe e e e s n e e e ne e e e nn e e nnn e e nnn s 18
Register MicroSIP Soft Phone with Yeastar Cloud PBX.........c.oiiiiii e 18
YRS 20
Register Mitel Phone with Yeastar Cloud PBX..........ooo it 20

[V A =T o TP PSSP R PP PR OPPP PRI 22
Register Vtech Phone with Yeastar Cloud PBX...........eiii e 22
YEAIINK. ...ttt e E e E et b et e e et e e R et s ne e e e e e e en e e e nane e e e re e e e 24
Register Yealink Phone with Yeastar Cloud PBX..........oooiiiiiiiiiiee et 24

D4 o] o= U EEPEPTN 25



Compatible SIP Endpoints

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

ALCATEL Phone

Register ALCATEL Phone with Yeastar Cloud PBX
This article is based on ALCATEL Temporis IP151 v1. 1. 0. B and Yeastar Cloud PBX v81.8.0.7.

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 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.

aprOb=

¢ 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.

STATUS SYSTEM
SIP Account Management

General Account Settings

Account 2
Call Settings
9 I M Enable Account I
Account 1 = —
Account Label: [1007
Account 2

Display Name: [1007

Preferences

User Identifer:

Programmable Keys

Authentication Name: [1007

Feature Keys

Authentication Password: | ““““““

« 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.

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

Server Address: [ |
Port: 5060 |

Registration

Server Address: [

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

i W Yo

+ SIP Server

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

« Registration

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

4. Click Apply.

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

Cisco

Register Cisco Phone with Yeastar Cloud PBX

This article is based on Cisco SPA509G and Yeastar Cloud PBX v81.8.0.7.
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.

- Admin Login basic advanced

Ersonal Directory 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.
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a. Set the Line Enable to Yes.

General

Line Enable: yes ¥

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

Proxy:

s pemgasiigrt: igaad frit

QOutbound Proxy:

Alternate Proxy:

Alternate Qutbound Proxy:

Use Qutbound Proxy: 0

=2
4

Register: yes v

3600 |

Reqgister Expires:

Use DNS SRV:
Proxy Fallback Intvl: | 3600 |

noa v

Dual Registration: no r
c. Inthe Subscriber Information section, fill in the extension information.
Display Name UserID: [1004
Password. Use Auth ID: yes v
Auth ID: | 1004 Reversed Auth Realm:

Mini Certificate: ‘

SRTP Private Key: |

Resident Online Number sPur: [

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

¢ User ID: Fill in the extension number.

« Password: Fill in the extension's Registration Password.
¢ Use Auth ID: Set to Yes.

¢ 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:

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

[x*].

RTP Port Min: | 10000 RTP Port Max: | 12000
RTP Packet Size: |0.020 Max RTP ICMP Err: |0
RTCP TxInterval: |0 Mo UDP Checksum: no v

Symmetric RTP: no v Stats In BYE: no v

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

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

Register Fanvil Phone with Yeastar Cloud PBX

This guide is based on Fanvil C400 and Yeastar Cloud PBX v81.8.0.7.
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

=]
= 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.

Linel 1010 (Registered) English v

Line2 N/A (Inactive) B Keep Onlinem

Basic Settings >>
Line Status (Registered) SIP Proxy Server Address
Username 1010 SIP Proxy Server Port 5060
Display name 1010 Qutbound proxy add.
Authentication Name 1010 Qutbound proxy port
Authentication Password senes Realm
Activate i 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 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".
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Grandstream

Register Grandstream Phone with Yeastar Cloud PBX

This guide is based on Grandstream GXP2135 and Yeastar Cloud PBX v81.8.0.7.

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.

GRANDSTREAM GXP2135

CONNECTING THE WORLD

-

¢ Username: admin
¢ Default Password: admin

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

Account 1 =

Apoomt Active Ho ® Tez

Hetwork Settings

STP Settings a I Smemm! W Catherine

hudio Settings I SIP Serwer N e W

Call Settings
Secondary SIP Serwver

Feature Codes

P s Cutbound Proxy
Account 3 At Baclnp itbowmd Proxy
Aoocount 4

BELF Server

I SIP Uszer ID 1000

I fthenticate ID 1000

I duthenticate Password 00 sssssssssses
Mame

Yoice Mail UserID

Sawve 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 of your PBX.

¢ SIP User ID: Fill in the extension number

< Authenticate ID: Fill in the extension's Registration Name.

« 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

becoant 1 1000 TES

Htek

Register Htek Phone with Yeastar Cloud PBX

This article is based on Htek UC903 and Yeastar Cloud PBX v81.8.0.7.
This article is applicable to the Htek UC series 802, 803, 804, 840, 842, 806, 862, 902, 903, 923, 924, 926.
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= 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, choose one account to configure.

Account Account 1 v
Account Status Registered
*Accuuntﬁ.c‘cive No  '® Yes

* Frimary SIF Server

Failover SIP Server (2

Second Failover SipServer [

Prefer PFrimary SIF Server * No Yes %

Cuthound Proxy [

Backup Outbound Proxy [
*SIF'Transport * UppP TCP TLS [

MAT Traversal Mo " Nobutsend keep alive STUN

Label Lucas ?
* 5IP User ID 1006 2
* Authenticate ID 1006 2
*Authenticate Password (2

Mame Lucas| 2

e Account: Select one account to configure.
* Account Active: Yes
e Primary SIP Server: Fill in the domain 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.

e 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".
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Panasonic

Register Panasonic Phone with Yeastar Cloud PBX

This article is based on Panasonic KX-HDV130 v01.008 and Yeastar Cloud PBX v81.8.0.7.
This article is applicable to the following Panasonic IP Phones.

« KX-HDV130

e KX-UT113

e KX-UT123

e KX-UT133

e KX-UT136

e KX-UT248

e KX-UT670

< TGP500

e 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 oLl R

Reqgistrar Server Port 5060 [1-65535]
Proxy Server Address £ hel 1

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

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

Address

Outbound Proxy Server Port 5060 [1-65535]

Service Domain

Authentication ID 1003

Authentication Password | [-eeeseeersnenens

¢ Phone Number: Fill in the extension number.
¢ Registrar Server Address: Fill the domain of your PBX.
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Registrar Server Port: Fill in the SIP port of your PBX.

Proxy Server Address: Fill in the domain of your PBX.

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. Inthe Advanced section:

0 [0-63]

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

Polycom

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.

Register Polycom Phone with Yeastar Cloud PBX

This guide is based on Polycom VVX 201 and Yeastar Cloud PBX v81.8.0.7.

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
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5 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 Menu on the phone, go to Settings—Status—Network—TCP/
IP Parameter.

2. 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:
¢ 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 Settings

SIP Protocol (@) Enable () Disable

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

Identification

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

MNumber of Line Keys |1 |

Calls Per Line [24 |
Enable SRTP (® Yes ()Mo
Offer SRTP (JYes (® MNo

Server Auto Discovery (®) Enable () Disable
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« 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:

| Authentication

Use Login Credentials () Enable  (®) Disable

Domain [ |
User ID [1003 |
Password [s00s |

e User Login Credentials: Disable
e 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 w

Address [ far-fitap |

Port [5060 |
Transport [UDPOny v

Expires (s) [3s00 |
Subscription Expires (=) [3800 |
Register @ Yes () No |
Retry Timeout {ms) o |

Retry Maximum Count |3 |

Line Seize Timeout (s) [30 |

« Special Interop: Standard

¢ Address: Fill in the domain of your PBX.

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

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

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

* SIP Protocol (® Enable () Disable

* Local SIP Port [o |

Calls Per Line Key [24 |
Enable Roaming buddies for Mone W

Mew SDP Type () Enable (@) Disable
Live Communication Server Support () Enable (@) Disable
* Non Standard Line Seize (®) Enable () Disable
Disable Forward For Shared Line (@) Enable () Disable
Digitmap

* Digitmap Timeout [313131313132 |
Remove End-of-Dial Marker (® Enable () Disable

* Digitmap Impaossible Match [o |

6. Click Save.
If the extension is registered, the Register Status will show "Registered".

Snom

Register Shnom Phone with Yeastar Cloud PBX

This article is based on Snom D305 and Yeastar Cloud PBX v81.8.0.7.
This article is applicable to the following phones:

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

5 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 Settings—Information—System Info or press
Menu—Information—System Info.
2. Log in the web page of the phone, go to Setup—Ildentify 1 to configure the account 1.
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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 iz

Login Information:

Identity active: ®on off @

Displayname: |Jof‘r‘ | @
Account: |1002 | @
Password: [seesncas | @
Registrar: [y | ®
Outbound Proxy: | | (3]
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 \off @

Identity is hidden: on '"®off @

Apply  Re-Register Play Ringer

Remove Identity Remove All Identities

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

¢ Registrar: Fill in the domain 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.

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

Setup
Preferences
Speed Dial
Function Keys
Identity 1
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

Login Features SIP

RTP Identity Settings:
Codec:

Packet Size:

Filtered codec list:

Full SDP Answer:
Symmetrical RTP:

&Some settings are not yet stored permanently. View Changes @

|pcmL_.pcma_.g?zz_.g?zg_.gsd @
20ms ¥ @

pcmu, pcma, g722, 9729, gsm, telephone-
event

®on Coff @
on *off @

|RTP Encryption:

on *of'f®|

G.726 Byte Order:
SRTP Auth-tag:
RTP/SAVP:

Media Transport Offer:

Media Transport Offer Setup:

Multicast relay address:

®RFC3551 a2 @
®aEs-32 aEs-80 @
off v

Uppv| @

active ¥ @

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

X-Lite

Register X-Lite Soft Phone with Yeastar Cloud PBX
This guide is based on X-Lite PC client v5.2.0 and Yeastar Cloud PBX v81.8.0.7.

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 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 Cloud PBX

This guide is based on the MicroSIP v3.17.3 and Yeastar Cloud PBX v81.8.0.7.

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 of your PBX.

¢ User: Enter the extension number.

« Domain: Enter the domain 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.
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&) 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.

= 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 b4

? [~]single Call Mode

Ringing Sound | - | 2
Ring Device | Default ~
Speaker  Default w
Microphone | Default b

[ Microphone Amplification ?
[]software Level Adjustment 2
Available Codecs Enabled Codecs
G.722 16 kHz ~ Opus 24 kHz
G.723 8 kHz T 16711 Adaw 2
GSM 8 kHz G711l udaw -
AMR. 8 kHz G.729 8 kHz
AMR-WE 16 kHz * | |iLBC 8 kHz
S
Speex 16 kHz W
2 [Jvap ? [ec ? []Force Codec for Incoming

4. Click Save.

Mitel

Register Mitel Phone with Yeastar Cloud PBX

This guide is based on Mitel 6867i v4.1.0.148 and Yeastar Cloud PBX v81.8.0.7.

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



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
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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

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 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 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 Cloud PBX
This guide is based on the Vtech VSP610A v2. 0. 3. 0 and Yeastar Cloud PBX v81.8.0.7.

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.

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.

3. 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 of your PBX.
o Server Port: Enter the SIP port of your PBX.

¢ Registration

o Server Address: Enter the domain 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 Cloud PBX
This guide is applicable to all the Yealink phones and Yeastar Cloud PBX v81.8.0.7.

@ 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

Register Status Registered
Basic
Line Active Enablad v
Codec Label 1001
Advanced Display Namea 1001
Register Name 1001
Liser Name 1001
Password [rrT—.
SIP Server 1
Server Host e v bl <o Port | 5060
Transport LIDP v
Server Expires 3600

* Account: Choose one account.
e Line Active: Enabled
» 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.

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

» Server Host: Fill in the domain 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 Cloud PBX

This guide is based on the Zoiper PC client v5.2.12 and Yeastar Cloud PBX v81.8.0.7.

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 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

5. Check the account status.

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.

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

b Zoipers

4 Accounts X

sip

+ 1009@xas T

Add

- O X

Do you need help?

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
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