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Part 15 FCC Rules 

Any Changes or modifications not expressly approved by the party responsible for co mpliance could void 

the user's  authority to operate the equipment.  

This device  is compliant with Part 15 of the FCC Rules. Operation is subject to the fol lowing two conditions:  

1.  This device  may not cause harmful interference . 

2.  This device  must accept any interference  received, including interference that may cause undesired 

operation . 

Class B Digital Device or Peripheral 

Note: This device i s tested and complies with the limits for a Class B digital device, pursuant to Part 15 of the 

FCC Rules. These limits are designed to provide reasonable protection against harmful interference in a 

residential installation. This equipment generates, uses, and can radiate radio frequency energy and, if not 

installed and used in accordance with the instructions, may caus e harmful interference to radio 

communications. However, there is no guarantee that interference will not occur in a particular installation. 

If this equipment  does cause harmful interference to radio or television reception, which can be 

determined by turning the equipment off and on, the user is encouraged to try to correct the interference 
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1.  Reorient or re locate the receiving antenna.  

2.  Increase the separation between the equipment and receiver.  

3.  Connect the equipment into an outlet on a circuit different from that to which the receiver is 
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4.  Consult the dealer or an experience radio/TV tec hnician for help . 

WEEE Warning 

 

To avoid the potential effects on the environment and human health as a result of the 

presence of hazardous substances in electrical and electronic equipment, end users of 

electrical and electronic equipment should understand the meaning of the crossed -out 

wheeled bin symbol. Do not dispose of WEEE as unsorted municipal waste and have to 
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Customer Feedback 

We are striving to improve our documentation quality and we appreciate your feedba ck. Email 

your opinions and comments to DocsFeedback@yealink.com . 

mailto:DocsFeedback@yealink.com


GNU GPL INFORMATION 

Yealink IP phone  firmware contain s third -party software under the GNU General Public License (GPL). 

Yealink uses software under the specific terms of the GPL. Please refer to the GPL for the exact terms  and 

conditions of the license.  

The original GPL license, source code of components lice nsed under GPL and used in Yealink products can 

be download ed  from Yealink web site:  

http://www.yealink.com/GPLOpenSource.aspx?BaseInfoCateId=293&NewsCat eId=293&CateId=293 . 
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About This Guide 

This guide is intended for administrators who need to properly deploy Yealink  IP phone s 

with Skype for Business Server. It provides  details on the functionality  and configuration 

of IP phones . 

Many of the features described in this guide involv e network settings , which  could 

affect the IP phoneõs performance in the network. So an understanding of IP 

networking and  a prior knowledge of IP telephony concepts are necessary . 

Documentations 

This guide covers  SIP-T48G, SIP-T46G, SIP-T42G, SIP-T41P and SIP-T40P IP phones . The 

following related documents are available:  

 ̧ Quick  Start Guides , which describe how to assemble IP phones  and configure the 

most basic features available on IP phones . 

 ̧ User Guides, which describe the basic and advanced features available on IP 

phones . 

 ̧ Auto Provisioning Guide, which describe s how to provision IP phones using the 

configuration files.  

 ̧ Description of Configuration Parameters in CFG Files , which describes all 

configuration parameters in configuration files . 

 ̧ Deploy ment Guide,  which describe s how to deploy  phones  in a Microsoft  Skype 

for Business Server environment.  

 ̧ Updating Phone Firmware from Microsoft Skype for Business Server Guide , which 

describe s how to upgrade firmware  via  Skype for Business Server. 

For support or service, please contact your Yealink reseller or go to Yealink Technical 

Support online:  http://support.yealink.com/ . 

Conventions Used in Yealink Documentations 

Yealink  documentation s contain  a few typogra phic conventions.  

You need to know the following basic typographic conventions  to distingui sh types of 

in-text information : 

Convention  Description  

Bold  Highlights the web/phone user interface items such as 

http://support.yealink.com/
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Convention  Description  

menus, menu selections , soft keys, or directory names when 

they are involved  in a procedure or user action  (e.g., Click 

on Security ->License ). 

Also used to emphasize text (e.g.,  Configuration File ). 

Italics  

Used to show the format of example s (e.g., http (s)://[ IPv6 

address ]), or to show the title  of a section in the reference 

documentation s available on  the Yealink  Technical Support  

Web site (e.g., Triggering the IP phone  to Perform the Auto 

Provisioning ). 

Blue Text 
Used for cross references to other sections within this 

documentation  (e.g., refer to Troubleshooting ). 

Blue Text in Italics  

Used for hyperlinks to Yealink  resources outside of this 

documentation  such as the Yealink  documentation s (e.g.,  

Yealink_Microsoft_Skype_for_Business_Edition_IP_Phones_Aut

o_Provisioning_Guide ). 

In This Guide 

The information detailed in this guide is applicable to the IP phones running  Skype for 

Business firmware version 8 or higher. The firmware format is like x.x.x.x.rom.  The second x 

from left must be greater than or equal to 8 (e.g., the firmware version of  SIP-T46G IP 

phone : 28.8.0.21.rom ). This administrator guide includes  the following chapters:  

 ̧ Chapter 1,  òProduct Overview ó describes the SIP components and SIP IP phones. 

 ̧ Chapter 2 , òGetting Started ó describes how to install  and  connect  IP phones , 

configuration  methods  and resource fil es. 

 ̧ Chapter 3, òConfiguring Basic Features ó describes how to configure the basic 

features on IP phones . 

 ̧ Chapter 4 , òConfiguring Advanced  Featuresó describes how to configur e the 

advanced features on IP phones.  

 ̧ Chapter 5,  òConfiguring Audio  Featuresó describes how to configure the audio 

features on IP phones.  

 ̧ Chapter 6, òConfiguring Security  Featuresó describes how to configure the security 

features on IP phones.  

 ̧ Chapter 7, òTroubleshooting ó describes how to troubleshoot IP phones and 

provides some common troubleshooting solutions.  

 ̧ Chapter 8, òAppendix ó provides the glossary, reference information about IP 

phones compliant  with RFC 3261, SIP call flows and the sample co nfiguration files.  

http://www.yealink.com/solution_info.aspx?ProductsCateID=1248&cateid=1248&BaseInfoCateId=1328&Cate_Id=1248&parentcateid=1328
http://www.yealink.com/solution_info.aspx?ProductsCateID=1248&cateid=1248&BaseInfoCateId=1328&Cate_Id=1248&parentcateid=1328
http://www.ietf.org/rfc/rfc3261.txt
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Summary of Changes 

This section describes the changes to this guide for each release and guide version.  

Changes for Release 8, Guide Version 8.21 

This version is updated to incorporate SIP-T46G, SIP-T42G, SIP-T41P and  SIP-T40P IP 

phones.  And SIP-T22/T22P IP phones  are  removed from version  8. 

The following section s are  new for this version : 

 ̧ Conventions Used in Yealink  Documentation s on page v 

 ̧ Expansion  Module  on page  23 

 ̧ Contrast  on page  83 

 ̧ Sign out  on page  98  

 ̧ Updating Status Automatically  on page  99 

 ̧ Loading Language Packs  on page  121 

 ̧ Directory  on page  139 

 ̧ Pre Dial Tone  on  page  163 

 ̧ Boss-Admin  Feature  on page  194 

 ̧ Calendar  on page  198 

 ̧ EXP40 Expansion Module  on  page  206 

 ̧ Multicast Paging  on page 209 

 ̧ Action URI  on page  217 

 ̧ Voice Mail Tone  on page  260 

 ̧ Skype for Business Feature License  on page  281 

 ̧ License  Status on page  283 

Major update  ha s occurred to the following section s: 

 ̧ Physical Features of IP Phone s on page  18 

 ̧ Connecting the IP Phones  on page  25 

 ̧ Reading Icons  on page  32 

 ̧ Configuration Files  on page  35 

 ̧ PPPoE on page  58 

 ̧ Sign in on page  87 

 ̧ Saving  Call Log  on page  153 

 ̧ E911 on page  191 

 ̧ BToE on page  204 
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 ̧ LLDP on page  221 

 ̧ Phone  Lock  on page  288 

 ̧ 802.1X Authentication  on page  305 

 ̧ View ing  Log Files on page  317 
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Product Overview 

This chapter contains the following information about IP phone s: 

 ̧ VoIP Principle  

 ̧ SIP Components  

 ̧ SIP Phone Models  

VoIP Principle 

VoIP 

VoIP (Voice over Internet Protocol)  is a technology using the Internet Protocol instead 

of traditional Public Switch Telephone Network (PSTN) technology for voice 

communications.  

It is a family of technologies, methodologies, communication protocols, and 

transmission techniques for the deli very of voice communications and multimedia 

sessions over IP networks. The H.323 and Session Initiation Protocol (SIP) are two  po pular 

VoIP protocols that are found in widespread implementation . 

H.323 

H.323 is a recommendation from the ITU Telecommunicatio n Standardization Sector 

(ITU-T) that defines the protocols to provide audio -visual communication sessions on 

any packet network. The H.323 standard addres ses call signaling and control, 

multimedia transport and control, and bandwidth control for point -to -point and 

multi -point conferences . 

It is widely implemented by voice and video  conferenc e equipment manufacturers, is 

used within various Internet  real -time applications such as GnuGK  and NetMeeting and 

is widely deployed  by service providers and enterprises for both voice and video 

services over IP networks.  

SIP 

SIP (Session Initiation Protocol)  is the Internet Engineering Task Forceõs (IETFõs) standard 

for multimedia conferencing over IP. It is an ASCII -based, application -layer control 

protocol ( defined in RFC 3261) that can be used to establish, maintain, and terminate 

calls between two or more  end points. Like other VoIP protoco ls, SIP is designed to 

address  functions of signaling and session management within a packet telephony 
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network. Signalin g allows call information to be carried across network boundaries. 

Session management provides the ability to control attributes of an end -to -end call.  

SIP provides capabilities to:  

 ̧ Determine the location of the target endpoint -- SIP supports address resolution, 

name mapping, and call redirection.  

 ̧ Determine media capabilities of the target endpoint -- Via Session Description 

Protocol (SDP), SIP determines the òlowest leveló of common services between 

endpoints. Conferences are est ablished using only media capabilities that can be 

supported by all endpoints.  

 ̧ Determine the availability of the target endpoint -- A call cannot be completed 

because the target endpoint is unavailable, SIP determines whether the called 

party is already on  the IP phone or does  not answer in the allotted number of rings. 

It then returns a message indicating why the target endpoint is unavailable.  

 ̧ Establish a session between the origin and target endpoint -- The call can be 

completed, SIP establishes a sessio n between endpoints. SIP also supports mid -call 

changes, such as the addition of another endpoint to the conference or the 

chang e of a media characteristic or codec.  

 ̧ Handle the transfer and termination of calls  -- SIP supports the transfer of calls from 

on e endpoint to another. During a call transfer, SIP simply establishes a session 

between the transferee and a new endpoint (specified by the transferring party) 

and terminates the session between the transferee and the transferring party. At 

the end of a ca ll, SIP terminates the sessions between all parties.  

SIP Components 

SIP is a peer-to -peer protocol. The peers in a session are called User Agents (UAs). A user 

agent can function as one of following roles:  

 ̧ User Agent Client (UAC)  -- A client application th at initiates the SIP request.  

 ̧ User Agent Server (UAS) -- A server application that contacts the user when a SIP 

request is received and that returns a response on behalf of the user.  

User Agent Client  (UAC)  

The UAC is an application that initiates up to six feasible SIP requests to the  UAS. The six 

requests issued by the UAC are: INVITE, ACK, OPTIONS, BYE, CANCEL and REGISTER. 

When the SIP session is being initiated by the UAC SIP component, the UAC determine s 

the information essential for the request, which is the protocol, the port and the IP 

address of the UAS to which the request is being sent.  This information can be dynamic 

and will make it challenging to put through a firewall . For this reason , it may b e 

recommended to open the specific application type on the firewall.  The UAC is also 

capable of using the information in the request URI to establish the course of the SIP 
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request to its destination, as the request URI always specifies the host which is es sential. 

The port and protocol are not always specified by the request URI. Thus if the request 

does not specify a port or protocol , a default port or protocol is contacted. It may be 

preferential to use this method when not using an application layer fire wall . Application 

layer firewalls like to know what applications are flowing th rough w hich ports and it is 

possible to use content types of  other applications other than the one you are  trying to 

let through what  has been  denied.  

User Agent Server (UAS)  

UAS is a  server that hosts the application responsible for receiving the SIP requests from 

a UAC, and on reception it returns a response to the request back to the UAC. The UAS 

may issue multiple responses to the UAC, not necessarily a single response. 

Communication between UAC and UAS is client/server and peer -toðpeer.  

Typically, a SIP endpoint  is capable of functioning as both a UAC and a UAS, but it 

functions only as one or the other per transaction. Whether the endpoint functions as a 

UAC or a UAS de pends on the UA that initiates  the request.  

SIP Phone Models 

This section  introduces SIP-T48G, SIP-T46G, SIP-T42G, SIP-T41P and SIP-T40P models  with 

Skype for Business firmware . They are  designed to work with Skype for Business client . 

These IP phones  are  characterized by a large number of functions, which simplify 

business communication with a high standard of security . 

The SIP-T48G, SIP-T46G, SIP-T42G, SIP-T41P and SIP-T40P IP phone s provide a powerful  

and  flexible IP communication solution for Ethernet TCP/IP networks, delivering 

excellent voice quality. When these IP phones are registered with Skype for Business 

Server, you can interact with your Skype for Business contacts  list on your IP phones 

through  Microsoftõs Active Directory. 

IP phones comply wi th  the SIP standard ( RFC 3261), and they can only be used within a 

network that supports this  model  of phone.  

For a list of key features available on Yealink IP phones running the latest firmware , refer 

to Physical Features of IP Phone s on page  18. 

In order to operate as SIP endpoints in your network successfully,  IP phones must meet 

the following requirements:  

 ̧ A working IP network is established.  

 ̧ VoIP gateways are configured for SIP.  

 ̧ The latest (or compatible) firmware of IP phone s is available.  

 ̧ The Skype for Business Server is active and configured to receive and send SIP 

messages.  

  

http://www.ietf.org/rfc/rfc3261.txt
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Physical Features of IP Phones 

This section lists the available physical features o f SIP-T48G, SIP-T46G, SIP-T42G, SIP-T41P 

and  SIP-T40P IP phone s. 

SIP-T48G 

 

Physical Feature s: 

-  7ó 800 x 480 pixel  color touch screen with backlight  

-  24 bit depth color  

-  1 Skype for Business account  

-  HD Voice: HD Codec, HD Handset, HD Speaker  

-  26 keys including 7 feature keys  

-  1*RJ9 (4P4C) handset port  

-  1*RJ9 (4P4C) headset port  

-  2*RJ45 10/100/1000 Mbps  Ethernet ports  

-  4 LEDs: 1*power, 1*mute , 1*headset , 1*speakerphone  

-  Power adapter : AC 100~240V input and DC 5V/ 2A output  

-  Power over Ethernet (IEEE 802.3af)  

-  Built-in USB port, support Bluetooth headset  

-  Wall Mount  
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SIP-T46G 

 

Physical Feature s: 

-  4.3ó 480 x 272 pixel  color display with backlight  

-  24 bit depth color  

-  1 Skype for Business account  

-  HD Voice: HD Codec, HD Handset, HD Speaker  

-  40 keys 

-  1*RJ9 (4P4C) handset port  

-  1*RJ9 (4P4C) headset  port  

-  2*RJ45 10/100/1000 Mbps  Ethernet ports  

-  6 LEDs: 1*power, 1*line, 1*Boss Admin key , 1*mute , 1*headset , 1*speakerphone  

-  Power adapter : AC 100~240V input and DC 5V/ 2A output  

-  Power over Ethernet (IEEE 802.3af)  

-  Built-in USB port, support Bluetooth headset  

-  Wall Mount  

SIP-T42G 
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Physical Feature s: 

-  192 x 64 graphic LCD  

-  1 Skype for Business account  

-  HD Voice: HD Codec, HD Handset, HD Speaker  

-  34 keys 

-  1*RJ9 (4P4C) handset port  

-  1*RJ9 (4P4C) headset port  

-  2*RJ45 10/100/1000 Mbps  Ethernet ports  

-  1*RJ12 (6P6C) EHS36 headset adapter  port  

-  6 LEDs: 1*power, 1*line, 1*Boss/Admin key , 1*mute , 1*headset , 1*speakerphone  

-  Power adapter : AC 100~240V input and DC 5V/ 1.2A output  

-  Power over Ethernet (IEEE 802.3af)  

-  Wall Mount  

SIP-T41P 

 

Physical Feature s: 

-  192 x 64 graphic LCD  

-  1 Skype for Business account  

-  HD Voice: HD Codec, HD Handset, HD Speaker  

-  34 keys 

-  1*RJ9 (4P4C) handset port  

-  1*RJ9 (4P4C) headset port  

-  2*RJ45 10/100Mbps  Ethernet ports  

-  1*RJ12 (6P6C) EHS36 headset adapter  port  

-  6 LEDs: 1*power, 1*line, 1*Boss/Admin key , 1*mute , 1*headset , 1*speakerphone  
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-  Power adapter : AC 100~240V input and DC 5V/ 1.2A output  

-  Power over Ethernet (IEEE 802.3af)  

-  Wall Mount  

SIP-T40P 

 

Physical Feature s: 

-  132 x 64 graphic LCD  

-  1 Skype for Business account  

-  HD Voice: HD Codec, HD Handset, HD Speaker  

-  31 keys 

-  1*RJ9 (4P4C) handset port  

-  1*RJ9 (4P4C) headset port  

-  2*RJ45 10/100Mbps  Ethernet ports  

-  1*RJ12 (6P6C) EHS36 headset adapter  port  

-  3 LEDs: 1*power, 1*line, 1*Boss/Admin key  

-  Power adapter : AC 100~240V input and DC 5V/600mA  output  

-  Power over Ethernet (IEEE 802.3af)  

-  Wall Mount  

Key Features of IP Phones 

In addition to physical features introduced above, IP phones also support the following 

key features  when running the latest firmware : 

 ̧ Phone Features  

-  Call Options : call waiting, call hold, call mute, call forward  and call 

transfer.  
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-  Basic Features : DND, live dialpad, dial plan , caller identity, auto 

answer.  

 ̧ Codecs and Voice Features  

-  Wideband  codec : G.722 

-  Narrowband codec: G.711, G.726, G .729, iLBC, G723 (G723 is not 

applicable to SIP-T40P IP phones)  

-  VAD, CNG, AEC, PLC, AJB, AGC  

-  Full-duplex speakerphone with AEC  

 ̧ Network Features  

-  SIP v1 (RFC2543), v2 (RFC3261) 

-  Proxy mode and peer -to -peer SIP link mode  

-  IP assignment: Static/DHCP/PPPoE  (PPPoE is not applicable to  

SIP-T42G/T41P/ T40P IP phones)  

-  VLAN assignm ent: LLDP/Static/DHCP /CDP  

-  Bridge  mode for PC port  

-  HTTP/HTTPS server 

-  DNS client  

-  DHCP server 

-  IPv6 support  

 ̧ Management  

-  FTP/TFTP/HTTP auto-provision  

-  Configuration: browser/phone/auto -provision  

-  Dial number via SIP server  

-  Dial URL via SIP server 

 ̧ Security  

-  HTTPS (server/client)  

-  Transport Layer Security (TLS) 

-  VLAN (802.1q), QoS  

-  Digest authentication using MD5/MD5 -sess 

-  Secure configuration file via AES encryption  

-  Phone lock for personal privacy protection  
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-  Admin/User configuration mode  

-  802.1X authentication  

Expansion Module 

This section introduces EXP40 expansion modules. EXP40 is only applicable to SIP -T48G 

and SIP-T46G IP phones. 

EXP40 

 

Physical Feature s: 

-  Rich visual experience with 160  x 320 graphic LCD  

-  20 physical keys each with a dual -color LED 

-  20 additional keys through page switch  

-  Supports up to 6 modules daisy -chain  

-  Power adapter: AC 100~240V input and DC 5V/ 1.2A output  

-  2*RJ-12 (6P6C) ports  for data  in and  out  

-  Wall Mount  
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Getting Started 

This chapter provides basic information and installation instructions of IP phones.  

This chapter provides  the  following sections:  

 ̧ Connecting the IP Phones  

 ̧ Initialization Process Overview  

 ̧ Verifying Startup  

 ̧ Reading Icons  

 ̧ Configuration Methods  

 ̧ Obtain ing Configuration Files and Resource Files  

 ̧ Provisioning Server  

 ̧ Configuring Basic Network Parameters  

 ̧ Branch Office Resiliency  

 ̧ Upgrading Firmware  

Connecting the IP Phones 

This section introduces how to install  SIP-T48G, SIP-T46G, SIP-T42G, SIP-T41P and SIP-T40P 

IP phones  with components in pack ag ing contents . 

1. Attach the stand  and  the optional wall mount bracket  

2. Connect the handset and optional headset  

3. Connect the network and power  

Note  

  

The optional accessories are not included  in packaging contents . You need to purchase 

them separately  if required.  



Microsoft Skype for Business Edition IP Phones Administrator Guide  

26 

Attaching the Stand and the Optional Wall Mount Bracket 

To attach the stand and the optional wall mount bracket : 

For SIP-T48G: 

 

Desk Mount Method  

 

Wall Mount Method (Optional)  

Note  

  

The top two slots on SIP -T48G IP phones are plugged up by silica gel. You need to pull out 

silica gel before attaching the wall mount bracket.  
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For SIP-T46G: 

 

Desk Mount Method  

 

Wall Mount Method (Optional)  
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For SIP-T42G/T41P/ T40P: 

 

Desk Mount Method  

 

Wall Mount Method (Optional)  

Note  

Connecting the Handset and Optional Headset 

To connect the handset a nd optional headset : 

For SIP-T48G/T46G: 

 

  

The hookswitch tab has a lip which allows the handset to stay on -hook when the IP 

phone is mounted vertically.  

For more information on how to  mount the IP phone to a wall, refer to Yealink Wall Mount 

Quick Installation Guide . 

http://support.yealink.com/documentFront/forwardToDocumentDetailPage?documentId=4
http://support.yealink.com/documentFront/forwardToDocumentDetailPage?documentId=4
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For SIP-T42G/T41P/T40P: 

 

Note  

Connecting the Power and Network 

AC Power  (Optional)  

To connect the AC power  and network : 

1. Connect the DC plug o f the power adapter to the DC5V  port on the IP phone and 

connect the other end of the power adapter into an electrical power outlet.  

2. Connect the included or a standard Ethernet cable between the Internet port on 

the IP phone and the one on the wall or switch/hub device port.  

 

Note  

Wireless headset adapter EHS36 or Bluetooth USB dongle BT40  should be purchased 

separately.  

For more information on how to use the EHS36  on the IP phone , refer to Yealink EHS36 

User Guide . 

Bluetooth USB dongle BT40 can only be used on the SIP-T48G/T46G IP phone s. For more 

information on how to use the Bluetooth  on SIP-T48G/T46G IP phone s, refer to Yealink 

Bluetooth USB Dongle BT40 User Guide . 

The EXT port on SIP-T48G/T46G IP phones can also be used to connect the expans ion 

module EXP40.  

The IP phone should be used with Yealink original power adapter only . The use of the 

third -party power adapter may cause the damage to the phone.  

http://support.yealink.com/documentFront/forwardToDocumentDetailPage?documentId=8
http://support.yealink.com/documentFront/forwardToDocumentDetailPage?documentId=8
http://support.yealink.com/documentFront/forwardToDocumentDetailPage?documentId=4
http://support.yealink.com/documentFront/forwardToDocumentDetailPage?documentId=4
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Power specification s are listed below:  

IP Phone Model  Power  Specification  

SIP-T48G 5V/2A  

SIP-T46G 5V/2A  

SIP-T42G 5V/1.2A  

SIP-T41P 5V/1.2A  

SIP-T40P 5V/600mA  

Power over Ethernet  

With the included or a regular Ethernet cable, IP phones can be powered from a 

PoE-compliant switch or hub.  

To connect the PoE:  

1) Connect the Ethernet cable between the Internet port on the IP phone and an 

available port on the in -line power switch/hub.  

 

Note  

Initialization Process Overview 

The initialization process of the IP phone is responsible for network connectivity and 

operation of  the IP phone  in your local network.  

If in-line power switch/hub is provided, you donõt need to connect the phone to the 

power adapter. Make sure the switch/hub is PoE -compliant.  

The IP phone can also share the network with an other network device such as  a  PC 

(personal computer) . It is an option al connection.  

Important!  Do not unplug or remove the power while the IP phone  is updating  firmware 

and configuration s. 
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Once you connect your IP phone to the network and to an electrical supply, the IP 

phone begins its initialization process.  

During the initialization process, the following events take place:  

Loading the ROM file  

The ROM file resides in the flash memory o f the IP phone. The IP phone  come s from the 

factory with a ROM file pre loaded.  During initialization, the IP phone runs a bootstrap 

loader that loads and executes the ROM file. 

Configuring the VLAN  

If the IP phone is connected to a switch, the switch notifies the IP phone of the VLAN 

information defined on the switch  (if using LLDP or CDP). The IP phone can then 

proc eed with the DHCP request for its network  settings (if using DHCP).  

Querying the DHCP (Dynamic Host Configuration Protocol)  Server 

The IP phone is capable of querying a DHCP server. DHCP is enabled on the IP phone 

by default. The following network parameters can be obtain ed from the DHCP server 

during initialization : 

 ̧ IP Address 

 ̧ Subnet Mask  

 ̧ Gateway  

 ̧ Primary DNS (Domain Name Server)  

 ̧ Secondary DNS  

You need to configure network parameters of the IP phone  manually if any of them  is 

not supplied  by the DHCP server. For more information on configuring network 

parameters manually, r efer to Configuring Network Parameters Manually  on page  53. 

Contac ting the provisioning server  

If the IP phone is configured to obtain configurations from th e provisioning  server, it will 

connect to the provisioning  server and download the configuration file(s) during startup . 

The IP phone will be able to resolve and update  configurations written in the 

configuration file (s). If the IP phone does not obtain configurations from  the provisioning 

server, the IP phone will use  configuration s stored in the f lash memory.  

Updating firmware  

If the access URL of firmware is def ined in the  configuration file, the IP phone will 

download firmware from the provisioning server. If the MD5 value of the downloaded 

firmware file differs from that of the image stored in the flash memory, the IP phone will 

perform a firmware up date . 

Downl oading  the  resource  files 

In addition to configuration file(s), the IP phone may require resource files before it can 
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deliver service. These resource files are optional, but if some  particular feature s are  

being deployed , these files are required.  

The followings show examples of resource files : 

 ̧ Language packs  

 ̧ Ring tones  

Verifying Startup 

After connected to the power and network, the IP phone  begins  the  initializing  process 

by cycling through th e following  steps: 

1. The power indicator LED illuminate s solid red . 

2. The message  òWelcome Initializingé p lease waitó appears on the LCD screen 

when  the IP phone starts up.  

3. The main LCD screen display s the following:  

 ̧ Time and date  

 ̧ Soft key labels  

4. Press the OK key to check  the IP phone status , the LCD screen displays the valid IP 

address, MAC address , firmware  version , etc . 

If the IP phone has successfully passe d  through these st ep s, it starts up properly  and is 

ready for use . 

Reading Icons 

Icons  associated with  different features  may appear on the LCD screen. T he following 

table provides a description for each icon on IP phones.  

T48G T46G T42G/T41P T40P Description  

/  /  
  

Network  is unavailable  

   /  Local Favorites  

  

  
Call Mute  

 

 
/  /  Call Forward  

 
/  /  /  Answer a call  

 
/  /  /  Place a call  

 
 

  
Call Hold  
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T48G T46G T42G/T41P T40P Description  

 
/  /  /  Call Resume  

 
/  /  /  Add a new call  

 /  /  /  View more soft keys  

 
/  /  /  Attended transfer  

 
/  /  /  Blind transfer  

 
/  /  /  Call Park  

 
/  /  /  

Invite a new call to the 

Skype for Business 

conference  

 
/  /  /  

View the conference 

participants  

 /  /  /  
View the dial -in number 

and conference ID  

 
/  /  /  Auto Redial  

 
/  /  /  

Forward incoming calls to 

voice mail  

 
/  /  /  Enter message center  

 

 
/  /  /  Reject or cancel a call  

    Received Calls  

 

 
  Placed  Calls 

 

 
  Missed Call s 

/  
 

 
 

Forwarded  Call s 

 
 /  /  Bluetooth mode is on  

  /  /  
Bluetooth headset is both 

paired and connected  

 

 
/  /  /  Return to previous screen  

 
  

 
Hands -free speakerphone 

mode  

  /  /  Location is not set  
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T48G T46G T42G/T41P T40P Description  

/  /  
  

Voice Mail  

/  
   

Auto Answer  

  
  

Unread voice mail  

  
  

Read voice mail  

 
/  /  /  

Enable the conference 

announcement  

 
/  /  /  

Disable the conference 

announcement  

/  
   

Organizer  

    
Presenter  

    
Attendee  

 
   

Conference lock  

/  
   

Ring er volume is 0 

 

   
Phone  Lock  

  
  

Available  

  
  

Busy 

  
  

DND (Do Not Disturb ) 

  
  

Be Right Back/Off 

Work/ Away  

  
  

Off Line  

  
  

Unknown  

Configuration Methods 

IP phones can be configured automatically through configuration  files stored on a 

central provisioning server, manually via phone user interface or web user interface, or 

by a combination of the  automatic and manual  method s. 

The recommended method for configuring IP phones is automatically through a central 

provisioni ng server. If a central provisioning server is not available, the manual method 
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will allow changes to most features.  

The following section s describe how to  configur e IP phones  using each method . 

 ̧ Phone  User Interface   

 ̧ Web User Interface  

 ̧ Configuration Files  

Phone User Interface 

An administrator  or a user  can configure and use IP phones via  phone  user interface.  

Access to s pecific feature s is restricted to the administrator. The default password is 

òadminò(case -sensitive). Not all features  are available  on phone user interface.  For 

more information, refer to Yealink phone -specific user guide . 

Web User Interface 

An administrator  or a user  can configure IP phones via  web user interface. The default 

user name and password for the administrator to log into the web user interface are 

both òadmin ó (case -sensitive).  Most  features are available for configuring via  web user 

interface.  IP phones support both HTTP and HTTPS protocols for accessing the web user 

interface. For more information, refer to  Web Server Type  on page 100. 

Configuration Files 

An administrator can  deploy  and maintain  a mass of  IP phones  using configuration files. 

The configuration files consist of:  

 ̧ Common CFG file  

 ̧ MAC -Oriented CFG file  

Common CFG file  

A Common CFG file contains parameters that affect the basic operation of the IP 

phone, such as language and volume. It will be effectual for all IP phones of the same 

model. The c ommon CFG file has a fixed name for each IP phone model . The name of 

the Common CFG file for each IP phone model is: 

 ̧ SIP-T48G: y000000000035.cfg  

 ̧ SIP-T46G: y000000000028.cfg  

 ̧ SIP-T42G: y000000000029.cfg  

 ̧ SIP-T41P: y000000000036.cfg  

 ̧ SIP-T40P: y000000000054.cfg 

  

http://www.yealink.com/solution_info.aspx?ProductsCateID=1248&cateid=1248&BaseInfoCateId=1328&Cate_Id=1248&parentcateid=1328
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MAC -Oriented CFG file  

A MAC -Oriented  CFG file contains parameters unique to a particular phone.  It will only 

be effectual for a  specific IP phone. The MAC -Oriented CFG file is named after the 

MAC address  of the IP phone . For example, if the MAC address of a n IP phone is 

00156574B150, the name of the  MAC -Oriented  CFG file  must be  00156574b150.cfg  

(case -sensitive) . 

Central Provisioning  

IP phones can be centrally provisioned from a provisioning server using the 

configuratio n files (<y0000000000xx>.cfg and < MAC >.cfg) . You can  use a text -based 

editing application to edit  configuration files , and then store configuration files to  a  

provisioning  server. For more information on the provisioning server, refer to Provisioning 

Server on page 37. 

IP phones can obtain the p rovisioning server address during startup . Then IP phones 

download configuration files from the provisioning server, resolve and update the 

configurations written in configuration file s. This entire process is called auto provisioning. 

For more information on auto provisioning, refer to 

Yealink_Mic rosoft_Skype_for_Business_Edition_IP_Phones_Auto_Provisioning_Guide . 

Obtaining Configuration Files and Resource Files 

When configuring particular features, you may need to upload resource files  (e.g.,  

language ) to IP phones. If the resource file is to be u sed for all IP phones of the same 

model , the resource file access URL  is best specified in the <y0000000000xx>.cfg file. 

However, if you want to specify the desired phone to use the resource file, the resource 

file access URL should be specified in the <MA C>.cfg file.  

The names of the Yealink -supplied template files are:  

Template File  File Name  

Configuration Files  

Common CFG file  Common .cfg  

MAC -Oriented CFG 

file 
MAC.cfg  

Resource Files 

AutoDST Template  AutoDST.xml 

Language Packs  

For example,  

000.GUI.English.lang  

1.English.js 

Keypad I nput 

Method File 
ime.txt  

http://www.yealink.com/solution_info.aspx?ProductsCateID=1248&cateid=1248&BaseInfoCateId=1328&Cate_Id=1248&parentcateid=1328
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Template File  File Name  

Dial -now Template  dialnow.xml  

Contact File  contact.xml  

You can ask the distributor or Yealink FAE  for template  files. You can also obtain the 

template files  online:  

http://www.yealink.com/solution_info.aspx?ProductsCateID=1248&cateid=1248&BaseI

nfoCateId=1328&Cate_Id=1248&parentcate id=1328 . 

To download  template  files: 

1. Go to Yealink Document Download  Page  and select the desired phone model.  

2. Download and extract  the combined configuration files to your local system . 

3. Open the folder you uncompressed to and identify the template file you will edit.  

For some features, you can customize the filename as required. The following table lists 

the special characters supported by Yealink IP phones : 

Server HTTP/HTTPS TFTP/FTP 

Windows  

Support:  ~ ` ! @ $ ^  ( ) _ 

- , . ' ; [ ] { } (including 

space)  

Not Support:  |  < > : "  

/  \  * ? #  % & = + 

Support:  ~ ` ! @ $ ^  ( ) _ 

- , . ' ; [ ] { } % & = + 

(including space)  

Not Support:  |  < > : "  /  

\  * ? #  

Linux 

Support:  ~ ` ! @ $ ^  ( ) _ 

- , . ' ; [ ] { } |  < > : " 

(including space)  

Not Support:  /  \  * ? #   

% & = + 

Support: ~ ` ! @ $ ^  ( ) _ 

- , . ' ; [ ] { } |  < > : " % & 

= + (including space)  

Not Support:  /  \  * ? #  

Provisioning Server 

Supported Provisioning Protocols 

IP phones perform the auto provisioning function of downloading configuration files, 

downloading resource files and upgrading firmware. The transfer protocol is used to 

download files from the provisioning server. IP phones support several transport 

protoc ols for provisioning, including FTP, TFTP, HTTP, and HTTPS protocols. And y ou can 

specif y the transport protocol in the  provisioning server address, for example, 

http://xxxxxxx. If not specified, the TFTP protocol is used.  The provisioning server address 

Platform  

http://www.yealink.com/solution_info.aspx?ProductsCateID=1248&cateid=1248&BaseInfoCateId=1328&Cate_Id=1248&parentcateid=1328
http://www.yealink.com/solution_info.aspx?ProductsCateID=1248&cateid=1248&BaseInfoCateId=1328&Cate_Id=1248&parentcateid=1328
http://www.yealink.com/solution_info.aspx?ProductsCateID=1248&cateid=1248&BaseInfoCateId=1328&Cate_Id=1248&parentcateid=1328
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c an be IP address, domain name or URL. If a user name and password are specified as 

part of the provisioning server address, for example, http://user:pwd@/server/dir, they 

will be used only if the server supports them.  

Note  

Setting up the Provisioning Server 

The provisioning server can be on the local LAN or anywhere on the Internet.  Use the 

following procedure as a recommendation if this is your first provisioning server  setup.  

For more information on how to set up a provisioning server, refer to 

Yealink_Microsoft_Skype_for_Business_Edition_IP_Phones_Auto_Provisioning_Guide . 

To set up the provisioning server:  

1. Install a provisioning server application or locate a suitable existing  server. 

2. Create an account  and home directory.  

3. Set security permissions for  the  account.  

4. Create configuration files and edit them as desired.  

5. Copy the configuration files and resource  files to the provisioning server.  

For more information on how to deploy IP phones using configurat ion files, refer to 

Deploying Phones from the Provisioning Server  on page 38. 

Note  

Deploying Phones from the Provisioning Server 

The parameters in the new downloaded configuration files will override  the  duplicate 

parameters in files  downloaded  earli er. During auto provisioning , IP phones download 

the common configuration file first,  and then the MAC -Oriented file.  Therefore any 

parameter in  the MAC -Oriented  configuration file  will override the same one  in the 

common configuration file . 

Yealink supplies configuration files for each phone model, which is delivered with the IP 

phone firmware. The configuration files, supplied with each firmware release, must be 

Typically all phones are configured with the same server account, but the server 

account provides a means of conveniently partitioning the configuration. Give each 

account a unique home d irectory on the server an d change the configuration on a  

per -line basis. 

A URL should contain forward slashe s instead of back slashes and should not contain 

spaces . Escape characters are not supported.  

If a user name and password are not specified as part of the provisioning server addres s, 

the User Name and Password of the provisioning server configured on the IP phone will 

be used.  

There are two types of FTP methods ñactive and passive. IP phones are not compatible 

with active FTP.  

http://www.yealink.com/solution_info.aspx?ProductsCateID=1248&cateid=1248&BaseInfoCateId=1328&Cate_Id=1248&parentcateid=1328
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used with that release. Otherwise, configurations may not take effect, and the IP phone 

will beha ve without exception. Before you configure parameters in the configuration 

files, Yealink recommend s that  you  create new configuration f iles containing only  those 

parameters that require changes.  

To deploy IP phones from the provisioning server:  

1. Create per -phone configuration files by performing the following steps:  

a)  Obtain a list of phone MAC  addresses ( the bar  code label on  the back  of the 

IP phone or on the outside of the box).  

b)  Create per -phone <MAC >.cfg file s by using the  MAC -Oriented CFG  file from 

the distribution as templates.  

c)  Edit the parameters in the file as desired.  

2. Create new common configuration files by performing the following steps:  

a)  Create <y0000000000xx>.cfg file s by using the  Common  CFG file from the 

distribution as templates.  

b)  Edit the par ameters in the file as desired.  

3. Copy configuration files to the home directory of the provisioning server.  

4. Reboot IP phones  to tr igger the auto provisioning process . 

IP phones discover the provisioning server address, and then download the 

configuration files from the provisioning server.  

For more information on configuration files, refer to Configuration Files  on page 35. For 

protect ing  against unauthorized access , you can e ncrypt  configuration files . For more 

information on encrypting configuration files, refer to Encrypting Configuration Files  on 

page 301. 

During the auto provisioning process, t he IP phone supports the following methods to 

discover the provisioning server address:  

 ̧ DHCP: DHCP option can be used to provide the address or URL of the provisioning 

server to IP phone s. When the IP phone requests an IP address using the DHCP 

protocol , the resulting response may contain option 66 or the custom option  (if 

configured)  that  contains the provisioning server address.  

 ̧ Static : You can manually configure the server address via phone user interface or 

web user interface.  

For more information  on t he above methods , refer to  

Yealink_Microsoft_Skype_for_Business_Edition_IP_Phones_Auto_Provisioning_Guide .  

  

http://www.yealink.com/solution_info.aspx?ProductsCateID=1248&cateid=1248&BaseInfoCateId=1328&Cate_Id=1248&parentcateid=1328
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Configuring Basic Network Parameters 

In order to get your IP phones  running, you must perform basic network setup, such as IP 

address and subnet mask configuration. This section describes how to configure basic 

network parameters for  IP phone s. 

Note  

DHCP 

DHCP (Dynamic Host Configuration Protocol ) is a network protocol used to dynamically 

allocate network parameters to network hosts . The automatic allocation  of network 

parameters  to hosts eases the administrative burden of maintaining an IP network . IP 

phones  compl y with the DHCP specifications documented  in RFC 2131. If using DHCP, IP 

phones connected to the network become operational without having to be manually 

assigned  IP add resses and additional network parameters . 

Procedure  

DHCP can be configured  using the configuration  files or locally.  

Configuration File  <MAC>.cfg  

Configure DHCP on the IP phone.  

Parameter:  

network.internet_port.type  

Local  

Web User Interface  

Configure DHCP  on the IP phone.  

Navigate to:  

http://<phoneIPAddress>/ servlet

?p=network&q=load  

Phone User Interface  Configure DHCP on the IP phone.  

Details of Configuration Parameters:  

Parameter s Permitted Values  Default  

network.internet_port.type  0, 1 or 2 0 

Description : 

Configures the Int ernet (WAN) port type for IPv4.  

0-DHCP 

1-PPPoE (not applicable to SIP-T42G/T41P/T40P IP phones ) 

This section mainly introduces IPv4 network parameters. IP phones also support IPv6. For 

more information on IPv6, refer to  IPv6 Support  on page  238. 
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Parameter s Permitted Values  Default  

2-Static IP Address  

Note : It works only if the value of the parameter ònetwork.ip_address_modeó is set to 

0 (IPv4) or 2 (IPv4 & IPv6). If you change this parameter,  the IP phone will reboot to 

make the change take effect.  

Web User Interface:  

Network ->Basic->IPv4 Config  

Phone User Interface:  

Menu ->Advanced (default password: admin)  ->Network ->WAN Port ->IPv4 

To configure  DHCP via web user interface:  

1. Click on Network ->Basic . 

2. In the IPv4 Config  block, mark  the DHCP radio box . 

 

3. Click Confirm to accept the change.  

A dialog box pops up to prompt that settings will take effect after a reboot.  

4. Click OK to reboot the IP phone . 

To c onfigure  DHCP via phone user interface:  

1. Press Menu ->Advanced (default password: admin)  ->Network ->WAN Port->IPv4. 

2. Press     or     , or the Switch  soft key to select DHCP from the  Type field.  

3. Press the Save  soft key to accept the change.  

The IP phone reboots automatically to make settings effective after a period of 

time.  
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Static DNS 

Static  DNS address(es) can be configured and used  even though  DHCP is enabled . 

Procedure  

Static DNS can be configured  using the configuration  files or locally.  

Configuration File  

<y0000000000xx>.cfg  

Configure  the static DNS feature . 

Parameters:  

network.static_dns_enable  

<MAC>.cfg  

Configure static DNS address.  

Parameters:  

network.primary_dns  

network.secondary_dns  

Local  

Web User Interface  

Configure  the static DNS feature . 

Configure static DNS address.  

Navigate to:  

http://<phoneIPAddress>/ servlet

?p=network&q=load  

Phone U ser Interface  
Configure  the static DNS feature . 

Configure static DNS address.  

Details of Configuration Parameters:  

Parameter s Permitted Values  Default  

network.static_dns_enable  0 or1 0 

Description : 

Triggers the static DNS feature to on or off.  

0-Off  

1-On  

If it is set to 0 (Off), the IP phone will use the IPv4 DNS obtained from  DHCP. 

If it is set to 1 (On),  the IP phone will  use manually configured static IPv4 DNS. 

Note : It works only if the value of the parame ter ònetwork.internet_port.typeó is set to 

0 (DHCP). If you change this parameter,  the IP phone will reboot to make the 

change take effect.  

Web User Interface:  

Network ->Basic->IPv4 Config ->Static DNS 
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Parameter s Permitted Values  Default  

Phone User Interface:  

Menu ->Advanced (default password: admin) ->Network ->WAN 

Port->IPv4->DHCP->Static DNS 

network.primary_dns  IPv4 Address  Blank  

Description : 

Configures  the primary IPv4 DNS server . 

Example:  

network.primary_dns  = 202.101.103.55 

Note : It works only if the value of the parame ter ònetwork.static_dns_enable ó is set 

to 1 (On ). If you change this parameter,  the IP phone will reboot to make the 

change take effect.  

Web User Interface:  

Network ->Basic ->IPv4 Config ->Static IP Address ->Primary DNS 

Phone User Interface:  

Menu ->Advanced (default password: admin)  ->Network ->WAN 

Port->IPv4->DHCP->Static DNS (Enabled) ->Primary DNS 

network.secondary_dns  IPv4 Address  Blank  

Description : 

Configures  the secondary IPv4 DNS server . 

Example : 

network.secondary_dns  = 202.101.103.54 

Note : It works only if the value of the parame ter ònetwork.static_dns_enable ó is set 

to 1 (On ). If you change this parameter,  the IP phone will reboot to make the 

change take effect.  

Web User Interface:  

Network ->Basic->IPv4 Config ->Static IP Address ->Secondary DNS  

Phone User Interface:  

Menu ->Advanced (default password: admin)  ->Network ->WAN 

Port->IPv4->DHCP->Static DNS (Enabled) ->Secondary  DNS 

To configure  static DNS address when DHCP is used via web user interface:  

1. Click on Network ->Basic . 

2. In the IPv4 Config  block, mark  the DHCP radio box . 

3. In the Static DNS block , mark the  On  radio box.  
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4. Enter the desired values in the  Primary DNS and Secondary DNS  fields.  

 

5. Click Confirm to accept the change.  

A dialog box pops up to prompt that settings will take effect after a reboot.  

6. Click OK to reboot the IP phone . 

To configure  static DNS when DHCP is used  via phone  user interface:  

1. Press Menu ->Advanced  (default password: admin)  ->Network ->WAN 

Port->IPv4->DHCP. 

2. Press     or     , or the Switch  soft key  to  select Enabled  from the Static DNS field . 

3. Enter the desired values in the  Primary DNS and Secondary DNS fields respectively.  

4. Press the Save soft key to accept the change.  

The IP phone reboots automatically to make settings effective after a period of 

time.  

DHCP Option 

DHCP provides a framework for passing information  to TCP/IP network devices. Network  

and other control information are car ried in tagged data items that are stored in the 

options field of the DHCP message. The data items themselves are also called options.  

DHCP can be initiated by simply connecting  the IP phone with  the network.  IP phones 

broadcast DISCOVER messages to request the network information carried in DHCP 

options, and the DHCP server responds with specific values in corresponding options.  

The following table lists common DHCP options supported by IP phones.  

Parameter  DHCP Option  Description  

Subnet Mask  1 Specify the clientõs subnet mask. 
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Parameter  DHCP Option  Description  

Time Offset  2 

Specif y the offset of the client's subnet in 

seconds from Coordinated Universal Time 

(UTC). 

Router  3 
Specify a list of IP addresses for routers on 

the clientõs subnet. 

Time Server 4 
Specif y a list of time  servers available to the 

client . 

Domain Name 

Server 
6 

Specify a list of domain name servers 

available to the client . 

Log Server  7 
Specif y a list of MIT-LCS UDP servers 

available to the client . 

Host Name  12 Specif y the name of the client . 

Domain Server  15 

Specif y the domain name that client 

should use when resolving hostnames via 

DNS. 

Broadcast 

Address  
28 

Specif y the broadcast address in use on 

the client's subnet.  

Network Time 

Protocol Servers  
42 

Specif y a list of NTP servers available to the 

client by IP address . 

Vendor -Specific 

Information  

43 (vendor class ID: 

CPE-OCPHONE) 

Specify v irtual local area network (VLAN) 

ID. 

43 (vendor class ID: 

MS-UC-Client)  

Specify Skype for Business Server pool 

certificate provisioning  service URL. 

Vendor Class 

Identifier  
60 Identify the vendor type . 

TFTP Server 

Name  
66 

Identify a TFTP server when the 'sname' field 

in the DHCP header has been used for 

DHCP options.  

Boot file Name  67 

Identify a boot  file when the 'file' field in the 

DHCP header has been used for DHCP 

options.  

Skype for 

Business Server 
120 

Specif y a list of Skype for Business Servers 

available to the client . 

For more information on DHCP options, refer to 

http://www.ietf.org/rfc/rfc2131.txt?number=2131  or 

http://www.ietf.org/rfc/rfc2132.txt?number=2132 . 

http://www.ietf.org/rfc/rfc2131.txt?number=2131
http://www.ietf.org/rfc/rfc2132.txt?number=2132
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If you do not have the ability to configure the DHCP options for discovering the 

provisioning server on the DHCP server, an alternate method of automatically  

discovering the provisioning server address is required.  Connecting to the secondary 

DHCP server that responds to DHCP INFORM queries with a requested provisioning 

server address is one possibility. For more information, refer to 

http://www.ietf.org/rfc/rfc3925.txt?number=3925 . 

The followi ng shows the common options when deploying Yealink IP phone s with Skype 

for Business Server. For more information, refer to 

https://technet.microsoft.com/en -us/library/gg3 98088%28v=ocs.14%29.aspx. 

DHCP Option 66 and Option 43 

Yealink IP phones support obtaining the provisioning server address by detecting DHCP 

options  during startup . 

The phone will automatically detect the option 66 for obtaining the provisioning server 

address.  DHCP option 66 is us ed to identify the TFTP server.  

DHCP option 43 is a vendor -specific option, which is used to transfer the vendor -specific 

information.  The administrator can use vend or class identifier, specified by DHCP option 

60, to send the IP phone  a customized configuration in option 43.  Depending on the 

vendor class ID it is configured for, the opti on 43 might have different values.  Two 

vend or class identifiers are used when  deploying with the Skype for Business Server: a 

VLAN ID request (vendor class ID: CPE -OCPHONE) and a certificate provisioning service 

URL request (vendor class ID: MS -UC-Client).  For more information  on DHCP option 60 , 

refer to  DHCP Option 60  on page  48. 

To use DHCP option 66  and option 43 , make sure the DHCP Active feature is enabled . 

Procedure  

DHCP active can be configured  using the configuration  files or locally.  

Configuration File  <y0000000000xx>.cfg  

Configure  DHCP active . 

Parameters:  

auto_provision.dhcp_option.enabl

e 

Local  Web User Interface  

Configure  DHCP active . 

Navigate to:  

http:// <phoneIPAddress> /servlet?p

=settings -autop&q=load  

  

http://www.ietf.org/rfc/rfc3925.txt?number=3925
https://technet.microsoft.com/en-us/library/gg398088%28v=ocs.14%29.aspx
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Details of Configuration Parameters:  

Parameter s Permitted Values  Default  

auto_provision.dhcp_option.enable  0 or 1 1 

Description : 

Triggers the DHCP Option feature to on or off.  

0-Off  

1-On  

If it is set to 1 (On), the IP phone will obtain the provisioning server address by 

detecting DHCP options.  

Web User Interface:  

Settings->Auto Provision ->DHCP Active  

Phone User Interface:  

None  

To configure the DHCP active feature  via web user interface:  

1. Click on Settings->Auto Provision . 

2. Mark the On  radio box in the DHCP Active  field.  

 

3. Click Confirm  to accept the  change.  
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DHCP Option 60 

DHCP option 60  is used to identify the vendor class ID. By default, the vendor class ID  is 

MS-UC-Client (case -sensitive).  

Procedure  

DHCP option 60 can be configured  using the configuration  files or locally.  

Configuration File  <y0000000000xx>.cfg  

Configure  DHCP option 60. 

Parameters:  

auto_provision.dhcp_option.opti

on60_value  

Local  Web User Interface  

Configure  DHCP option 60. 

Navigate to:  

http:// <phoneIPAddress> /servlet

?p=settings -autop&q=load  

Details of Configuration Parameters:  

Parameter s 
Permitted 

Values  
Default  

auto_provision.dhcp_option.option60_value  
String within 99 

characters  
MS-UC-Client  

Description : 

Configures the value ( vendor  class ID) of DHCP option 60.  

Web User Interface:  

Settings->Auto Provision ->DHCP Option Value  

Phone User Interface:  

None  

To configure  DHCP option 60 on the IP phone via web user interface:  

1. Click on Settings->Auto Provision . 
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2. Enter the desired host name in the DHCP Option Value  filed . 

 

3. Click Confirm to accept the change.  

DHCP Option 42 and Option 2 

Yealink IP phones support using the NTP server address offered by  DHCP. 

DHCP option 42 is used to s pecif y a list of NTP servers available to the client by IP 

address . NTP servers should be listed in order of p reference. DHCP option 2 is used to 

specify the offset of the client's subnet in seconds from Coordinated Universal Time 

(UTC). 

To update time with the offset time offered by  the DHCP server, make sure the DHCP  

Time feature is enabled at the path Settings->Time & Date ->DHCP Time. For more 

information on  how to configure DHCP time feature , refer to NTP Time Server  on page  

105. 

DHCP Option 12 Hostname on the IP Phone 

This option specifies the host  name of the clien t. The name may or may not be qualified 

with the local domain name  (based on RFC 2132) . See RFC 1035 for character  

restrictions . 
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Procedure  

DHCP option 12 hostname can be configured  using the configuration  files or locally.  

Configuration File  <y0000000000xx>.cfg  

Configure  the DHCP option 12  

hostname . 

Parameters:  

network.dhcp_host_name  

Local  Web User Interface  

Configure  the DHCP option 12  

hostname . 

Navigate to:  

http:// <phoneIPAddress> /servlet

?p=features -general&q=load  

Details of Configuration Parameters:  

Parameter s Permitted Values  Default  

network.dhcp_host_name  
String within 99 

characters  

Refer to the 

following content  

Description : 

Configures the DHCP option 12  hostname on the IP phone . 

For SIP-T48G IP phones : 

The default value is SIP -T48G. 

For SIP-T46G IP phones : 

The default value is SIP -T46G. 

For SIP-T42G IP phones : 

The default value is SIP -T42G. 

For SIP-T41P IP phones: 

The default value is SIP -T41P. 

For SIP-T40P IP phones: 

The default value is SIP -T40P 

Note : If you change this parameter,  the IP phone will reboot to make the change 

take effect.  

Web User Interface:  

Features ->General Information ->DHCP Hostname  

Phone User Interface:  

None  
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To configure  DHCP option 12 hostname on the IP phone via web user interface:  

1. Click on Features -> General Information . 

2. Enter the desired host name in the DHCP Hostname  filed . 

 

3. Click Confirm to accept the change.  

A dialog box pops up to prompt that settings will take effect after a reboot.  

4. Click OK to reboot the IP phone . 

DHCP Option 120 

Yealink IP phones support obtain ing  Skype for Business Server address from DHCP . DHCP 

option 120 is used to specif y a list of Skype for Business Servers available to the client . 

Procedure  

DHCP option 120 can be configured  using the configuration  files or locally.  

Configuration File  <y0000000000xx>.cfg  

Configure  DHCP option 12 0. 

Parameters:  

sip.option120_get_lync_server.enable  

Local  Web User Interface  

Configure  DHCP option 12 0. 

Navigate to:  

http:// <phoneIPAddress> /servlet?p=f

eatures -general&q=load  
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Details of Configuration Parameters:  

Parameter s Permitted Values  Default  

sip.option120_get_lync_server.enable  0 or 1 0 

Description : 

Enables or disables the IP phones to obtain the Skype for Business Server address 

from DHCP by detecting DHCP option 120.  

0-Disabled  

1-Enabled  

Web User Interface:  

Features ->General I nformation ->Use DHCP Option 120  

Phone User Interface:  

None  

To configure  DHCP option 12 0 on the IP phone via web user interface:  

1. Click on Features -> General Information . 

2. Select desired value from the pull -down list of Use DHCP Option 120 . 

 

3. Click Confirm to accept the change.  
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Configuring Network Parameters Manually 

If DHCP is disabled or IP phones cannot obtain  network parameters from the DHCP 

server, you need to configure them manually.  The following parameters should be 

configured for IP phones to establish network connectivity:  

 ̧ IP Address 

 ̧ Subnet Mask  

 ̧ Default Gateway  

 ̧ Primary DNS 

 ̧ Secondary DNS  

Procedure  

Network parameters can be configured manually using the configuration files or locally.  

Configuration File  <MAC>.cfg  

Configure network parameters of 

the IP phone manually.  

Parameters : 

network.internet_port.type  

network.ip_address_mode  

network.internet_port.ip  

network.internet_port.mask  

network.internet_port.gateway  

network.primary_dns  

network.secondary_dns  

Local  

Web  User Interface  

Configure network parameters of 

the IP phone manually.  

Navigate to : 

http://< phoneIPAddress>/ servlet

?p=network&q=load  

Phone U ser Interface  
Configure network parameters of 

the IP phone manually.  

Details of Configuration Parameters:  

Parameter s Permitted Values  Default  

network.internet_port.type  0, 1 or 2 0 

Description : 

Configures the Int ernet (WAN) port type for IPv4.  
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Parameter s Permitted Values  Default  

0-DHCP 

1-PPPoE (not applicable to SIP-T42G/T41P/T40P IP phones ) 

2-Static IP Address  

Note : It works only if the value of the parameter ònetwork.ip_address_modeó is set to 

0 (IPv4) or 2 (IPv4 & IPv6). If you change this parameter,  the IP phone will reboot to 

make the change take effect.  

Web User Interface:   

Network ->Basic->IPv4 Config  

Phone User Interface:  

Menu ->Advanced (default password: admin) ->Network ->WAN Port ->IPv4 

network.ip_address_mode  0, 1 or 2 0 

Description : 

Configures the IP address mode.  

0-IPv4 

1-IPv6 

2-IPv4 & IPv6 

Note: If you change this parameter,  the IP phone will reboot to make the change 

take effect.  

Web User Interface:  

Network ->Basic->Internet Port ->Mode(IPv4/IPv6)  

Phone User Interface:  

Menu ->Advanced (default password: admin)  ->Network ->WAN Port ->IP Mode  

network.internet_port.ip  IPv4 Address  Blank  

Description : 

Configures  the IPv4 address.  

Example:  

network.internet_port.ip  = 192.168.1.20 

Note : It works only if the value of the parameter  ònetwork.ip_address_modeó is set to 

0 (IPv4) or 2 (IPv4 & IPv6), and "network.internet_port.type" is set to 2 (Static IP 

Address).  If you change this parameter,  the IP phone will reboot to make the 

change take effect.  

Web User Interface:   

Network ->Basic->IPv4 Config ->Static IP Address ->IP Address 

Phone User Interface:  
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Parameter s Permitted Values  Default  

Menu ->Advanced (default password: admin)  ->Network ->WAN Port ->IPv4->Static IP 

->IP Address  

network.internet_port.mask  Subnet Mask  Blank  

Description : 

Configures  the IPv4 subnet mask . 

Example:  

network.internet_port.mask  = 255.255.255.0 

Note:  It works only if the value of the parameter ònetwork.ip_address_modeó is set to 

0 (IPv4) or 2 (IPv4 & IPv6), and "network.internet_port.type" is set to 2 (Static IP 

Address). If you change this para meter,  the IP phone will reboot to make the 

change take effect.  

Web User Interface:  

Network ->Basic->IPv4 Config ->Static IP Address ->Sub net Mask  

Phone User Interface:  

Menu ->Advanced (default password: admin)  ->Network ->WAN Port ->IPv4->Static 

IP->Sub net Mask  

network.internet_port.gateway  IPv4 Address  Blank  

Description : 

Configures  the IPv4 default gateway.  

Example:  

network.internet_port.gateway  = 192.168.1.254 

Note : It works only if the value of the parameter ònetwork.ip_address_modeó is set to 

0 (IPv4) or 2 (IPv4 & IPv6), and "network.internet_port.type" is set to 2 (Static IP 

Address).  If you change this parameter,  the IP phone will reboot to make the 

change take effect.  

Web User Interface:  

Network ->Basic->IPv4 Config ->Static IP Address ->Gateway  

Phone User Interface:  

Menu ->Advanced (default password: admin)  ->Network ->WAN Port ->IPv4->Static 

IP->Gateway  

network.primary_dns  IPv4 Address  Blank  
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Parameter s Permitted Values  Default  

Description : 

Configures  the primary IPv4 DNS server.  

Example:  

network.primary_dns  = 202.101.103.55 

Note : It works only if the value of the parameter ònetwork.ip_address_modeó is set to 

0 (IPv4) or 2 (IPv4 & IPv6), and "network.internet_port.type" is set to 2 (Static IP 

Address). If you change this parameter,  the IP phone will reboot to make the 

change take effect.  

Web  User Interface:  

Network ->Basic->IPv4 Config ->Static IP Address ->Primary DNS 

Phone User Interface:  

Menu ->Advanced (default password: admin)  ->Network ->WAN Port ->IPv4->Static 

IP->Primary DNS 

network.secondary_dns  IPv4 Address  Blank  

Description : 

Configures  the secondary IPv4 DNS server.  

Example : 

network.secondary_dns  = 202.101.103.54 

Note : It works only if the value of the parameter ònetwork.ip_address_modeó is set to 

0 (IPv4) or 2 (IPv4 & IPv6), and "network.internet_port.type" is set to 2 (Static IP 

Addre ss). If you change this parameter,  the IP phone will reboot to make the 

change take effect.  

Web User Interface:  

Network ->Basic->IPv4 Config ->Static IP Address ->Secondary DNS  

Phone User Interface:  

Menu ->Advanced (default password: admin)  ->Network ->WAN Port ->IPv4->Static 

IP->Secondary DNS  

To configure the IP address mode via web  user interface:  

1. Click on Network ->Basic . 
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2. Select desired value  from the  pull -down list of  Mode (IPv4/IPv6) . 

 

3. Click Confirm  to accept the change.  

A dialog box pops up to prompt that settings will take effect after a reboot.  

4. Click OK to reboot the IP phone . 

To configure a static IP v4 address via web  user interface:  

1. Click on Network ->Basic . 

2. In the IPv4 Config  block, m ark  the  Static IP Address radio box . 

3. Enter the desired values in the IP Address , Sub net Ma sk, Gateway , Primary DNS  

and Secondary DNS  fields.  

 

4. Click  Confirm  to accept the change.  

A dialog box pops up to prompt that settings will take effect after a reboot.  

5. Click OK to reboot the IP phone . 

To configure the IP mode via phone user interface:  

1. Press Menu ->Advanced  (default password: admin)  ->Network ->WAN Port. 

2. Press     or     , or the  Switch  soft key to select IPv4, IPv6 or IPv4 & IPv6 from  the IP 

Mode  field . 

3. Press the Save  soft key to accept the change.  



Microsoft Skype for Business Edition IP Phones Administrator Guide  

58 

The IP phone reboots automatically to make settings effective after a period of 

time.  

To configure a static IP v4 address via phone user interface:  

1. Press Menu ->Advanced  (default password: admin)  ->Network ->WAN Port->IPv4. 

2. Press     or     , or the Switch  soft key to  select the Static IP from the Type field.  

3. Enter the desired value in th e IP Address , Subnet  Mask , Gateway , Primary DNS  and 

Second ary  DNS field respectively . 

4. Press the Save  soft key to accept the change.  

The IP phone reboots automatically to make settings effective after a period of 

time.  

PPPoE 

PPPoE (Point-to -Point Protocol over Ethernet) is a network protocol used by Internet 

Service Providers (ISPs) to provide Digital Subscriber Line (DSL) high speed Internet 

services. PPPoE allows an office or building -full of users to share a common DSL 

conn ection to the Internet. PPPoE connection is supporte d by the IP phone Internet 

port. Contact your ISP for the PPPoE user name and password.  PPPoE is not applicable 

to SIP-T42G/T41P/T40P IP phones  IP phones.  

Procedure  

PPPoE can be configured  using the configuration  files or locally.  

Configuration File  

<MAC>.cfg  

Configure PPPoE on the IP 

phone.  

Parameter s: 

network.internet_port.type  

<y0000000000xx>.cfg  

Configure the user name and 

password for PPPoE on the IP 

phone.  

Parameter s: 

network.pppoe.user  

network.pppoe.password  

Local  Web  User Interface  

Configure PPPoE on the IP 

phone.  

Configure the user name and 

password for PPPoE on the IP 

phone.  

Navigate to : 

http://<phoneIPAddress>/ servlet
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?p=network&q=load  

Phone U ser Interface  

Configure PPPoE on the IP 

phone.  

Configure the user name and 

password for PPPoE on the IP 

phone.  

Details of Configuration Parameters:  

Parameter s Permitted Values  Default  

network.internet_port.type  0, 1 or 2 0 

Description : 

Configures the Int ernet (WAN) port type for IPv4.  

0-DHCP 

1-PPPoE (not applicable to SIP-T42G/T41P/T40P IP phones ) 

2-Static IP Address  

Note : It works only if the value of the parameter ònetwork.ip_address_modeó is set to 

0 (IPv4) or 2 (IPv4 & IPv6). If you change this parameter,  the IP phone will reboot to 

make the change take effect.  

Web User Interface:   

Network ->Basic->IPv4 Config  

Phone User Interface:  

Menu ->Advanced (default password: admin) ->Network ->WAN Port ->IPv4 

network.pppoe.user  
String within 32 

characters  
Blank  

Description : 

Configures the user  name for PPPoE connection . 

Example : 

network.pppoe.user =  Xmyl0592123 

Note : It works only if the value of the parameter ònetwork.ip_address_modeó is set to 

0 (IPv4) or 2 (IPv4 & IPv6), and "network.internet_port.type" is set  to 1 (PPPoE). If you 

change this parameter,  the IP phone will reboot to make the change take effect.  It 

is not applicable to SIP-T42G/T41P/T40P IP phones  IP phones.  

Web User Interface:  

Network ->Basic->IPv4 Config ->PPPoE->User Name  

Phone User Interface:  
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Parameter s Permitted Values  Default  

Menu ->Advanced (default password: admin)  ->Network ->WAN 

Port->IPv4->PPPoE->PPPoE User 

network.pppoe.password  
String within 99 

characters  
Blank  

Description : 

Configures  the password for PPPoE connection . 

Example : 

network.pppoe.password =  yealink123  

Note : It works only if the value of the parameter ònetwork.ip_address_modeó is set to 

0 (IPv4) or 2 (IPv4 & IPv6), and "network.internet_port.type" is set to 1 (PPPoE). If you 

change this parameter,  the IP phone will reboot to make the change take effect.  It 

is not applicable to SIP-T42G/T41P/T40P IP phones.  

Web User Interface:  

Network ->Basic->IPv4 Config ->PPPoE->Password  

Phone User Interface:  

Menu ->Advanced (default password: admin)  ->Network ->WAN 

Port->IPv4->PPPoE->PPPoE Password  

To configure  PPPoE via web user interface:  

1. Click on Network ->Basic . 

2. In the IPv4 Config  block, mark  the PPPoE radio box . 

3. Enter the user name and password in corresponding fields.  
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4. Click Confirm to accept the change.  

A dialog box pops up to prompt that settings will take effect after a reboot.  

5. Click OK to reboot the IP phone . 

To configure PPPoE via phone user interface:  

1. Press Menu ->Advanced (default password: admin) ->Network ->WAN Port->IPv4. 

2. Press     or     , or the Switch  soft key to  select the PPPoE from the Type field.  

3. Enter the user name and password in the corresponding fields . 

4. Press the Save  soft key to accept the change.  

The IP phone reboots automatically to make settings effective after a period of 

time.  

Configuring Transmission Methods of the Internet Port and PC Port 

Yealink SIP-T48G/T46G/T42G/T41P/T40P IP phones  support two Ethernet ports: Internet 

port and PC port. Three optional methods of transmission configuration for IP phone 

Internet or PC Ethernet ports:  

 ̧ Auto -negotiat e 

 ̧ Half-duplex  

 ̧ Full-duplex  

Auto -negotiat e is configured for both Internet and PC ports on the IP phone by default.  

Auto -negotiat e 

Auto -negotiat e means that two connected devices choose common transmission 

parameters (e.g., speed and duplex mode) to transmit voice or data over Ethernet. This 

process entails devices first sharing transmission cap abilities and then selecting the 

highest performance transmission mode supported by both.  You can configure the 

Internet port and PC port on the IP phone to automatically negotiate during the 

transmission. 
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Half-duplex  

Half-duplex transmission refers to transmitting voice or data  in both directions , but in one 

direction  at a  time ; this means  one device can send data on the line , but not receive 

data simultaneously . You can configure the  half -duplex transmission  on both Internet 

port and PC port for the IP  phone  to transmit in 10Mbps or 100Mbps.  

 

Full-duplex  

Full-duplex transmission refers to transmitting voice or data  in both directions  at the 

same time ; this means  one device  can send  data on the line while receiving data.  You 

can configure  the full -duplex transmission  on both Internet port and PC port for the IP 

phone to transmit in 10Mbps , 100Mbps  or 1000Mbps ( 1000Mbps  is only  applicable to  

SIP-T48G/T46G/T42G IP phones) . 

 

Procedure  

The transmission methods  of Ethernet ports  can be configured using the configuration 

files or locally.  

Configuration File  <y0000000000xx>.cfg  

Configure the  transmission methods 

of the Internet (WAN) port . 

Parameter s: 

network.internet_port.speed_duplex  
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network.pc_port.speed_duplex  

Local  Web  User Interface  

Configure the  transmission methods 

of the Internet (WAN) port . 

Navigate to : 

http://<phoneIPAddress>/ servlet?p=

network -adv&q=load  

Details of Configuration Parameters:  

Parameter s Permitted Values  Default  

network.internet_port.speed_duplex  0, 1, 2, 3, 4 or 5 0 

Description : 

Configures the  transmission method  of the Internet (WAN) port.  

0-Auto Negotiate  

1-Full Duplex  10Mbps  

2-Full Duplex  100Mbps  

3-Half Duplex  10Mbps  

4-Half Duplex  100Mbps  

5-Full Duplex  1000Mbps  (only applicable to SIP-T48G/T46G/ T42G IP phones ) 

Web User Interface:  

Network ->Advanced ->Port Link->WAN Port Link  

Phone User Interface:  

None  

network.pc_port.speed_duplex  0, 1, 2, 3 ,4 or 5 0 

Description : 

Configures the transmission method  of the PC  (LAN) port . 

0-Auto Negotiate  

1-Full Duplex  10Mbps  

2-Full Duplex  100Mbps  

3-Half Duplex  10Mbps  

4-Half Duplex  100Mbps  

5-Full Duplex  1000Mbps  (only applicable to SIP-T48G/T46G/T42G IP phones ) 

Web User Interface:  

Network ->Advanced ->Port Link->PC Port Link 

Phone User Interface:  
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Parameter s Permitted Values  Default  

None  

To configu re the transmission method s of Ethernet ports  via web user interface:  

1. Click on Network ->Advanced . 

2. Select the desired value from the pull -down list of WAN Port Link. 

3. Select the desired value from the pull -down list of PC Port Link. 

 

4. Click Confirm to accept the change.  

Configuring PC Port Mode 

The PC port on the back of the IP phone is used to connect a PC . You can enable or 

disable  the PC (LAN) port  on the IP phones  via web user interface or using configuration 

files.  

Procedure  

PC port mode can be configured  using the configuration  files or locally.  

Configuration File  <y0000000000xx>.cfg  

Configure the PC (LAN) port . 

Parameter : 

network. pc _port.enable  

Local  Web  User Interface  

Configure the PC (LAN) port . 

Navigate to : 

http:// <phoneIPAddress> / servlet
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?p=network -pcport&q=load  

Details of Configuration Parameters:  

Parameter s Permitted Values  Default  

network. pc_ port.enable  0 or 1 1 

Description : 

Enables or disables the PC (LAN) port.  

0-Disabled  

1-Auto Negotiat ion  

Note : If you change this parameter, the IP phone will reboot to make the change 

take effect.  

Web User Interface:  

Network ->PC Port->PC Port Active  

Phone User Interface:  

None  

To enable the PC port  via web user interface:  

1. Click on Network ->PC Port. 

2. Select  Auto Negotiat e  from the pull -down list of PC Port Active . 

 

3. Click Confirm to accept the change.  

A dialog box pops up to prompt that settings will take effect after a reboot.  

4. Click OK to reboot the IP phone . 

To disable the PC port via web user interface:  

1. Click on Network ->PC Port. 
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2. Select Disabled  from the pull -down list of PC Port Active . 

 

3. Click Confirm to accept the change.  

A dialog box pops up to prompt that settings will take effect after a reboot.  

4. Click OK to reboot the IP phone . 

Branch Office Resiliency 

Branch office resiliency  is critical for multi -site deployments of Skype for Business where 

the control servers are located at a central site or data  center.  It allows  branch site 

users to continue to have Enterprise Voice service and voice mail (if voice mail 

rerouting settings are configured) when the branch site lose s the connection to the 

central site . 

When the WAN connection between the branch site and central site is unavailable, the 

phone goes into resiliency mode:  

 ̧ Branch site user on the phone stays signed  in with an indication of òLimited service  

due to outageó. 

 ̧ Presence icon on the phone LCD screen is displayed as  Unknown  icon:    

(SIP-T46G/T48G)/     ( SIP-T42G/ T41P/ T40P). 

 ̧ Call  between branch site users  is established successfully with 2 -way audio . 

 ̧ Conference between branch site users  can be  established successfully . 

 ̧ The call  history cannot  get modified . (Already downloaded call log entries  will not 

be  deleted)  

 ̧ Calls can be placed from the call history on the IP phone.  

 ̧ Contact list is unavailable but you can search for a contact on the IP phone.  

 ̧ User is not able to change his presence state manually . 

 ̧ User is not able to  use calendar feature.  

 ̧ User is not able to  receive the  vo ice mail  as exchange is unreachable and when IP 

phone comes out of resiliency mode, it downloads the yet  undownloaded voice 

mail items and updates the voice  mail screen.  

 ̧ Calls between  the branch office phone s can be transferred  to another branch site 

user. 

 ̧ Call forward settings cannot be changed.  
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When  the WAN connection between the branch site and central site becomes 

available, the phone comes out of resiliency mode automatically.  Notification  of 

resiliency is automatically dismisse d , and y ou can use phone features as normal.  

Note  

Upgrading Firmware 

Yealink  supports three  methods  to upgrade phone firmware : 

 ̧ Upgrade firmware via web user interface : Download firmware  in ROM format, and 

upload it to the IP phone  via web user interface. This method can deploy small 

number of phones.  

 ̧ Upgrade firmware  from provisioning server : Download firmware  in ROM format, 

and use centralized provisioning  method to upgrade the firmware . This method 

requires setting up a  provision ing server , and uses configuration files to provision 

the IP phone . 

 ̧ Upgrade firmware from Skype for Business Server : Download firmware  in CAB file 

format , and place the  firmware  on Skype for Business Server to provision the IP 

phone . 

The following table li sts the associated and latest firmware name for each IP phone 

model ( X is replaced by the actual firmware  version ). 

IP Phone 

Model  

Associated 

Firmware  Name  

Firmware 

Name(.rom)  
Firmware Name(.cab)  

SIP-T48G 35.x.x.x.rom 35.8.0.21.rom  Yealink_ver_ 35.8.0.21.cab  

SIP-T46G 28.x.x.x.rom 28.8.0.21.rom  Yealink_ver_ 28.8.0.21.cab  

SIP-T42G/ 

T41P 
29.x.x.x.rom 29.8.0.21.rom  Yealink_ver_ 29.8.0.21.cab  

SIP-T40P 54.x.x.x.rom 54.8.0.21.rom  Yealink_ver_ 54.8.0.21.cab  

Note   

Upgrading Firmware via Web User Interface 

To manually upgrade firmware via web user interface, y ou need to store firmware to 

your local system in advance.  

You can download the latest firmware online:  

http://www.yealink.com/solution_info.aspx?ProductsCateID=1248&cateid=1248&BaseIn

foCateId=1328&Cate_Id=1248&parentcate id=1328 . 

Do not unplug the network and power cables when the IP phone is upgrading firmware.  

For more information o n branch office resiliency, contact your system administrator.  

http://www.yealink.com/solution_info.aspx?ProductsCateID=1248&cateid=1248&BaseInfoCateId=1328&Cate_Id=1248&parentcateid=1328
http://www.yealink.com/solution_info.aspx?ProductsCateID=1248&cateid=1248&BaseInfoCateId=1328&Cate_Id=1248&parentcateid=1328
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To upgrade firmware manually via web user interface:  

1. Click on Settings->Upgrade . 

2. Click Browse to locate the required firmware from your local system . 

3. Click Upgrade . 

A dialog box pops up  to prompt òFirmware of the SIP Phone will be updated. It will 

take 5 minutes to complete.  Please don't power off!ó. 

 

4. Click OK to confirm the upgrad e. 

Note      

Upgrading Firmware from the Provisioning Server 

IP phones support us ing  FTP, TFTP, HTTP and HTTPS protocols  to download  configuration 

files and firmware from the provisioning server, and then upgrade firmware 

automatically.  

IP phones can download firmware stored on the provisioning server  in one of two  ways:  

 ̧ Check for  configuration files and then download firmware during startup . 

 ̧ Automatically check for configuration files and then download firmware at a fixed 

interval or specific time . 

Method of checking for configuration files is configurable . 

Procedure  

Confi guration changes can be performed using the configuration files or locally.  

Configuration 

File 
<y0000000000xx>.cfg  

Configure the way for the IP phone to 

check for configuration files.  

Parameters : 

auto_provision.power_on  

auto_provision.repeat.enable  

Do not close and refresh the browser when the IP phone is upgrading firmware via web 

user interface.  
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auto_pr ovision.repeat.minutes  

auto_provision.weekly.enable  

auto_provision.weekly.begin_time  

auto_provision.weekly.end_time  

auto_provision.weekly.dayofweek  

Specify the access URL of firmware.  

Parameter:  

firmware.url  

Local  Web  User Interface  

Configure the way for the IP phone to 

check for configuration files.  

Navigate to : 

http://<phoneIPAddress>/ servlet?p=s

ettings -autop&q=load  

Details of Configuration Parameters:  

Parameter s Permitted Values  Default  

auto_provision.power_on  0 or 1 1 

Description : 

Triggers the power  on  feature to  on or off.  

0-Off  

1-On  

If it is set to 1 (On ), the IP phone  will perform an auto provisioning process when 

powered on . 

Web User Interface:  

Settings->Auto Provision ->Power On  

Phone User Interface:  

None  

auto_provision.repeat.enable  0 or 1 0 

Description : 

Triggers the repeatedly feature to  on or off.  

0-Off  

1-On  

If it is set to 1 (On ), the IP phone  will perform an auto provisioning process 

repeatedly . 
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Parameter s Permitted Values  Default  

Web User Interface:  

Settings->Auto Provision->Repeatedly  

Phone User Interface:  

None  

auto_provision.repeat.minutes  Integer from 1 to 43200  1440 

Description : 

Configures the interval (in minutes) for the IP phone to perform an auto provisioning 

process  repeatedly.  

Note : It works only if the value of the parameter  òauto_provision.repeat.enableó is 

set to 1  (On ). 

Web User Interface:  

Settings->Auto Provision->Interval( Minutes)  

Phone User Interface:  

None  

auto_provision.weekly.enable  0 or 1 0 

Description : 

Triggers the  weekly feature to  on or off.  

0-Off  

1-On  

If it is set to 1 (On ), the IP phone  will perform an auto provisioning process weekly . 

Web User Interface:  

Settings->Auto Provision->Weekly  

Phone User Interface:  

None  

auto_provision.weekly.begin_time  Time from 00:00 to 23:59  00:00 
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Parameter s Permitted Values  Default  

Description : 

Configure s the  begin time of  the day  for the IP phone to perform an auto 

provisioning process weekly.  

Note : It works only if the value of the parameter  òauto_provision.weekly.enableó is 

set to 1  (On ). 

Web User Interface:  

Settings->Auto Provision->Time 

Phone User Interface:  

None  

auto_provision.weekly.end_time  Time from 00:00 to 23:59  00:00 

Description : 

Configure s the  end time of  the day  for the IP phone  to  perform an auto provisioning 

process weekly . 

Note : It works only if the value of the parameter  òauto_provision.weekly.enableó is 

set to 1  (On ). 

Web User Interface:  

Settings->Auto Provision->Time 

Phone User Interface:  

None  

auto_provision.weekly.dayofweek  
0, 1, 2, 3, 4, 5, 6 or a 

combination of these  digits  
0123456 

Description : 

Configure s the days of the week for  the IP phone to  perform an auto provisioning 

process weekly.  

0-Sunday  

1-Monday  

2-Tuesday  

3-Wednesday  

4-Thursday 

5-Friday 

6-Saturday  

Example : 

auto_provision.weekly.dayofweek =  01 

It means the IP phone  will perform an auto provisioning p rocess every Sunday and 
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Parameter s Permitted Values  Default  

Monday.  

Note : It works only if the value of the parameter  òauto_provision.weekly.enableó is 

set to 1  (On ). 

Web User Interface:  

Settings->Auto Provision->Day of Week  

Phone User Interface:  

None  

firmware.url  URL within 511 characters  Blank  

Description : 

Configures the access URL of the firmware  file. 

Example : 

firmware.url = http://192.168.1.20/ 28.8.0.21.rom  

Note: If you change this parameter, the IP phone will reboot to make the change 

take effect.  

Web User Interface:  

Settings->Upgrade ->Select and Upgrade Firmware  

Phone User Interface:  

None  

To configure the way for the IP phone to check for configuration  files via web user 

interface:  

1. Click  on  Settings->Auto Provision . 
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2. Make the desired change . 

 

3. Click Confirm  to accept  the change.  

When the òPower On ó is set to On, the IP phone  will check  configuration files  stored on 

the provisioning server during startup and then will download firmware from the  server. 

Updating Phone Firmware from Skype for Business Server 

You can  update firmware of Yealink  SIP-T48G, SIP-T46G, SIP-T42G, SIP-T41P and SIP-T40P 

phones from Skype for Business Server. There are two ways to update firmware from 

Skype for Business Server: 

 ̧ Automatic Update  

 ̧ Manual Update  

Before updating firmware from Skype for Business Server, you must upload the update 

package  (*.CAB)  to your  Skype for Business Update Server in advance . For more 

information, refer to Updating Phone Firmware from Microsoft Skype for Business Server. 

  

http://www.yealink.com/solution_info.aspx?ProductsCateID=1248&cateid=1248&BaseInfoCateId=1328&Cate_Id=1248&parentcateid=1328
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Automatic Update 

Reboot  

When  the IP phone  connect s to the network  and is powered on , it automatically 

check s if an update  is available  on Skype for Business Server, regardless of  whether  a 

Skype for Business user signs on the IP phone . If there is  an update available on Skype for 

Business Server, the IP phone  will automatically update firmware . 

Sign-in 

If the IP phone  is powered on, and a user signs i n, the IP phone  automatically checks if 

an update  is available  on Skype for Business Server after the designated time.  

If there is an update  available, and the IP phone  is on  the  idle  screen , the IP phone  LCD 

screen pops up a dialog box  òNew firmware, update now? ó. You can p ress the OK soft 

key to update immediately or the Cancel  soft key to cancel the update.  

If there is an update av ailable, but the IP phone  is not on  the idle screen, the dialog box 

will pop up  after detecting 10 minutes of inactivity  on the idle screen . 

Sign-out  

If the IP phone  is powered on, and no user signs in, the IP phone  automatically checks if 

an update  is available  on Skype for Business Server after the designated time.  If there is 

an  update  available, the IP phone  wi ll automatically update firmware . 

Note  

Update Checking Time  

Update checking time defines  a period of time for IP phone to automatically check a 

firmware update  on Skype for Business Server. 

Procedure  

Update checking time can be configured  using the configuration  files or locally.  

Configuration 

File 
<y0000000000xx>.cfg  

Configure update checking time.  

Parameter s: 

sfb.update_time  

Local  Web  User Interface  
Configure update checking time.  

Navigate to : 

The IP phone will not perform an update check when a user signs in/out. It only performs 

an update check after the designated time . The designated time  will be cleared when 

the IP phone  reboots or a user signs in/out.  

If there is no update available on  Skype for Business Server, the IP phone does not 

prompt any message after the designated time . 
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http:// <phoneIPAddress> /servlet?p=fea

tures-general&q=load  

Details of Configuration Parameters:   

Parameter s Permitted Values  Default  

sfb.update_time  
Integer from 1 to 

48 
24 

Description : 

Configures the interval (in hours) for the IP phone to automatically check if there is a 

firmware update  available on Skype for Business Server. 

If it is set to 1, the IP phone will check if a firmw are update is available on the Skype 

for Business Server every 1 hour. If there is an update available, the IP phone  will 

prompt for an update.  

Note: If you change this parameter,  the IP phone will reboot to make the change 

take effect.  

Web User Interface:  

Features ->General Information ->Update Checking Time  

Phone User Interface:  

None  

To configure  update checking time  via web user interface:  

1. Click on  Features ->General Information . 
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2. Select the desired value from the pull -down list of Update Checking Time . 

 

A dialog box pops up to prompt that settings will take effect after a reboot.  

3. Click Confirm  to accept  the change . 

Manual Update 

You can  initiate an update immediately , just power  off the IP phone  and power  on it 

again. The phone  will boot  up , check for updates and apply the updates.  You can also 

trigger an update manually via phone user interface.  

To trigger an update manually  via phone user interface : 

1. Press Menu -> Basic  ->Firmware Update . 

2. Press the Update soft key.  

The LCD screen prompts òNew firmware, update now? ó. 
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3. Press the OK soft key to confirm the update.  

If there is no update available  on Skype for Business Server, the LCD screen prompts 

òThe firmware is the latest ó. 
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Configuring Basic Features 

This chapter  provides information for making configuration changes for the following 

basic  features:  

 ̧ Power Indicat or LED 

 ̧ Contrast  

 ̧ Backlight  

 ̧ Sign in 

 ̧ Web Server Type  

 ̧ Time and Date  

 ̧ Language  

 ̧ Dial Plan  

 ̧ Directory  

 ̧ Saving  Call Log  

 ̧ Missed Call Log  

 ̧ Dial Search Delay  

 ̧ Live Dialpad  

 ̧ Call Waiting  

 ̧ Key As Send  

 ̧ Pre Dial Tone  

 ̧ Redial Tone  

 ̧ Ringer Device for Headset  

 ̧ Auto Answer  

 ̧ Always On Line  

 ̧ Busy Tone Delay  

 ̧ Return Code When Refuse  

 ̧ Early Media  

 ̧ 180 Ring Workaround  

 ̧ Call Hold  

 ̧ Allow Trans Exist Call 

 ̧ Call Number Filter  

 ̧ DTMF 
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 ̧ Allow Mute  

 ̧ Voice Mail without PIN  

 ̧ E911 

 ̧ Boss-Admin  Feature  

 ̧ Calendar  

 ̧ BToE 

 ̧ EXP40 Expansion Module  

Power Indicator LED 

Power i ndicat or LED indicates  power status and phone status. 

There are six configuration options for power i ndicat or LED: 

Common Power Light On  

Common Power Light On allows the power indicator LED to be turned on.  

Ring Power Light Flash  

Ring Power Light Flash  allows the power indicator LED to flash  when the IP p hone 

receives an incoming call.  

Voice Mail Power Light Flash  

Voice Mail Power Light Flash  allows  the power indicator LED to flash when the IP phone 

receives a voice mail.  

Mute Power Light On 

Mute Power Light  On  allows  the power indicator LED to flash  when a call is mute.  

Hold/Held Power Light On 

Hold/Held Power Light On  allows  the power indicator LED to flash when a call is placed 

on hold or is held.  

Talk/Dial Power Light On  

Talk/Dial Power Light On  allows the power indicator LED to be turne d on when the IP 

phone is busy.  

Procedure  

Power indicat or LED can be configured using the configuration files or locally.  

Configuration  File <y0000000000xx>.cfg  

Configure the power indicat or LED. 

Parameters:  

phone_setting.common_power_led_
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enable  

phone_setting.ring_power_led_flash_

enable  

phone_setting.mail_power_led_flash

_enable  

phone_setting.mute_power_led_flas

h_enable  

phone_setting.hold_and_held_powe

r_led_flash_enable  

phone_setting.talk_and_dial_power_

led_enable  

Local  Web  User Interface  

Configur e the power indicat or LED. 

Navigate to : 

http://<phoneIPAddress> /servlet?p=f

eatures -powerled&q=load  

Details of Configuration Parameters:  

Parameter s 
Permitted 

Values  
Default  

phone_setting.common_power_led_enable  0 or 1 0 

Description : 

Enables or disables the power indicator LED to be turned on.  

0-Disabled  (power indicator LED is off ) 

1-Enabled  (power indicator LED is solid red ) 

Web User Interface:  

Features ->Power LED->Common Power Light On  

Phone User Interface:  

None  

phone_setting.ring_power_led_flash_enable  0 or 1 1 

Description : 

Enables or disables the power indicator LED to flash when the IP phone  receives an 

incoming call.  

0-Disabled ( power indicator LED does not flash ) 

1-Enabled ( power indicator LED f ast flash es (300ms) red ) 

Web User Interface:  

Features ->Power LED->Ring Power Light Flash  
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Parameter s 
Permitted 

Values  
Default  

Phone User Interface:  

None  

phone_setting.mail_power_led_flash_enable  0 or 1 0 

Description : 

Enables or disables the power indicator LED to flash when the IP phone  receives a 

voice mail.  

0-Disabled ( power indicator LED does not flash ) 

1-Enabled ( power indicator LED s low  flashes (1000ms) red ) 

Web User Interface:  

Features ->Power LED->Voice Mail Power Light  Flash 

Phone User Interface:  

None  

phone_setting.mute_power_led_flash_enable  0 or 1 0 

Description : 

Enables or disables the power indicator LED to flash when a call is mute.  

0-Disabled ( power indicator LED does not flash ) 

1-Enabled ( power indicator LED f ast flash es (300ms) red ) 

Web User Interface:  

Features ->Power LED->Mute Power Light On  

Phone User Interface:  

None  

phone_setting.hold_and_held_power_led_flash_enable  0 or 1 0 

Description : 

Enables or disables the power indicator LED to flash when a call is placed on hold or is 

held.  

0-Disabled ( power indicator LED does not flash ) 

1-Enabled ( power indicator LED f ast flash es (500ms) red ) 

Web User Interface:  

Features ->Power LED->Hold/Held Power Light  On  

Phone User Interface:  

None  
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Parameter s 
Permitted 

Values  
Default  

phone_setting.talk_and_dial_power_led_enable  0 or 1 0 

Description : 

Enables or disables the power indicator LED to be turned on when the IP phone  is 

busy.  

0-Disabled ( power indicator LED is off ) 

1-Enabled ( power indicator LED is solid red ) 

Web User Interface:  

Features ->Power LED->Talk/Dial Power Light On  

Phone  User Interface:  

None  

To configure the power Indicat or LED via web  user interface:  

1. Click on Features ->Power LED. 

2. Select the desired value from the pull -down list of Common Power Light On . 

3. Select the desired value from the pull -down list of Ringing  Power Light Flash . 

4. Select the desired value from the pull -down list of Voice Mail Power Light Flash . 

5. Select the desired value from the pull -down list of Mute Power Light Flash. 

6. Select the desired value from the pull -down list of Hold/Held Power Light Flash. 

7. Select the desired value from the pull -down list of Talk/Dial Power Light On . 

 

8. Click Confirm  to accept the change.  

Contrast 

Contrast determines the readability of the texts displayed  on the  LCD screen. Adjusting  

the contrast to a comfortable level  can  optimize the screen viewing experience . When 

configured properly, contrast allows users to read the LCDõs display with minimal 

eyestrain.  You can configure the LCD õs contrast of  SIP-T40P and EXP40 connected to 
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SIP-T48G/T46G IP phones. Make sure the expansion module has been connected to the 

IP phone before adjustment.  Contrast is not applicable to SIP -T42G/T41P IP phones. 

Procedure  

Contrast can be configured using the configuration files or locally.  

Configuration File  <y0000000000xx>.cfg  

Configure the contrast of the 

LCD screen.  

Parameter:  

phone_setting.contrast  

Local  

Web  User Interface  

Configure the contrast of the 

LCD screen.  

Navigate to : 

http://<phoneIPAddress>/ servlet

?p=settings -preference&q=load  

Phone User Interface  
Configure the contrast of  the 

LCD screen.  

Details of the Configuration Parameter:  

Parameter  Permitted Values  Default  

phone_setting.contrast  Integer from 1 to 10  6 

Description : 

Configure s the contrast of the LCD screen.  

For T48G/T46G IP phones, it configures the LCDõs contrast of the connected EXP40 

only.  

For T40P IP phones, it configures the LCDõs contrast of the IP phone. 

Note : We recommend  that you set the contrast  of the LCD screen  to 6 as a more 

comfortable level.  It is not applicable to SIP -T42G/T41P IP phones. 

Web User In terface:  

Settings->Preference ->Contrast  

Phone User Interface:  

None  

To configure the contrast via phone user interface:  

1. Press Menu ->Basic ->Display ->Contrast  Setting . 

If EXP40 is not connected to the phone,  the Contrast Setting screen  displays  "No 

EXP". 

2. Press     or     , or the Switch  soft key  to increase or decrease the intensity of 
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contrast.  

The default contrast level is ò6ó. 

3. Press the Save  soft key to accept the change.  

Backlight 

Backlight determines the brightness of the LCD screen display, allowing users to read 

easily in dark environments . Backlight time specifies the delay time to  change the 

intensity of the LCD screen  when the IP phone is inactive.  Backlight turns off  quickly if a 

short backlight time is configured , this may not give users enough time to read 

messages . Backlight time is applicable to SIP SIP -T48G/T46G/T42G/T41P/T40P IP phones 

and EXP40 connected to SIP -T48G/T46G IP phones.   

Backlight Active  Level is used  to adjust  the backlight intensity  of the LCD screen when 

the phone is active. Backlight Inactive Level is used to adjust the backlight intensity of 

the LCD screen when the phone is inactive. Backlight Active  Level is applicable to 

SIP-T48G/T46G IP phones and the connected EXP40.  Backlight Inactive  Level is only 

applicable to SIP -T48G and SIP-T46G IP phones. 

Note  

The following table lists available method s and configuration options to configure the 

backlight of phone model s. 

Phone Model  (and the 

connected expansion 

module)  

Configuration Methods  
Configuration 

Options  

SIP-T48G/T46G 

Configuration Files  

Web User Interface  

Phone User Interface  

Backlight 

Inactive Level  

SIP-T48G(EXP40)/T46G 

(EXP40) 

Configuration Files  

Web User Interface  

Phone User Interface  

Backlight Active 

Level  

Procedure  

Backlight can be configured using the configuration files or locally.  

Configuration 

File 
<y0000000000xx>.cfg  

Configure the backlight  of the LCD 

screen.  

Parameters:  

phone_setting.active_backlight_level  

Backlight time  is configurable on Skype for Business Server only.  

Before you adjust the LCDõs backlight of expansion module, make sure the expansion 

module has been connected to the IP phone.  



Microsoft Skype for Business Edition IP Phones Administrator Guide  

86 

phone_setting.inact ive_backlight_leve l 

Local  

Web  User Interface  

Configure the backlight  of the LCD 

screen.  

Navigate to : 

http://<phoneIPAddress>/ servlet?p=set

tings-preference&q=load  

Phone User Interface  
Configure the backlight of the LCD 

screen.  

Details of Configuration Parameters:  

Parameter s Permitted Values  Default  

phone_setting.active_backlight_level  Integer from 1 to  10 10 

Description : 

Configure s the intensity of the LCD screen when the phone is active.  

10 is the highest intensity . 

For T48G/T46G IP phones, it configures the LCDõs intensity of the IP phone and the 

connected EXP40.  

Note : It is applicable to  SIP-T48G/T46G IP phones and the connected EXP40 . 

Web User Interface:  

Settings->Preference ->Backlight Active Level  

Phone User Interface:  

Menu ->Basic->Display ->Backlight ->Backlight  Active Level  

phone_setting.inactive_backlight_level  0 or 1 1 

Description : 

Configure s the intensity of the LCD screen when the IP phone  is inactive.  

0-Off  

1-Low 

Note : It is only applicable to SIP -T48G and T46G IP phones.  

Web User Interface:  

Settings->Preference ->Backlight Inactive Level  

Phone User Interface:  

Menu ->Basic->Display ->Backlight ->Backlight Inactive Level  
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To configure the backlight via web  user interface:  

1. Click on Settings->Preference . 

2. Select the desired value from the pull -down list of  Backlight Ina ctive Level . 

3. Select the desired value from the pull -down list of  Backlight A ctive Level . 

 

4. Click Confirm  to accept the change.  

To configure the backlight via phone user interface:  

1. Press Menu ->Basic ->Display ->Backlight . 

2. Press     or     , or the Switch  soft key  to select the desired level from the 

Backlight Active Level  field.  

3. Press     or     , or the Switch  soft key  to select the desired value  from the 

Backlight Inactive Level  field.  

4. Press the Save  soft key to accept the change.  

Sign in 

Skype for Business users are authenticated against Microsoft Active Directory Domain 

Serv ice . The following  four  sign-in methods are  available . 

 ̧ User Sign in: This method uses the user õs credentials  (sign-in address , user name, 

and password ) to sign into  Skype for Business Server. This sign-in method is 

applicable to  Onprem account and Online account.  

 ̧ PIN Sign in: This method uses the user õs phone number (or extension) and personal 

identification number (PIN) to sign into  Skype for Business Server. This sign-in method 

is only applicable to  Onprem  account.  

 ̧ Device Pairing for Online:  This method uses the  userõs Online account and pairing 

code to sign into Skype for Business Server. This sign -in method is only applicable to 

Online account.  

 ̧ BToE Sign-in: This method uses the Skype for Business client to sign into Skype for 

Business Server. You need to download and install the Yealink BToE Connector 

application on your computer first , ant then pair your phone  to Skype for Business 
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client . As a result, you w ill sign into the Skype for Business client  and phone  using 

same  account . This sign-in method is applicable to Onprem account and Online 

account. For more information, refer to Yealink phone -specific user guide . 

Note  

User Sign-in 

Procedure  

User sign-in method can be configured  using the configuration files  or locally . 

Configuration File  <MAC>.cfg  

Configure User Sign in (User 

Credentials)  method.  

Parameters:  

account.sign_in.server_address  

account.sign_in.user_name  

account.sign_in.password  

Local  

Web User Interface  

Configure User Sign in (User 

Credentials)  method.  

Navigate to : 

http://<phoneIPAddress>/servl

et?p=account -register -lync&q=

load&acc=0  

Phone User Interface  
Configure User Sign in (User 

Credentials)  method.  

Details of Configuration Parameters:  

Parameter s Permitted Values  Default  

account.sign_in.server_address  SIP URI Blank  

Description : 

Configures the sign-in address  for the User Sign in (User Credentials)  method.  

The value format is username@domain.com.  

Example : 

account.sign_in.server_address = 2216@yealinkuc.com  

Web User Interface:  

If the phone reboots after  successful login , the login credentials from the previous Sign -In 

will be cached . User can sign in successfully without reentering the credentials.  

http://www.yealink.com/solution_info.aspx?ProductsCateID=1248&cateid=1248&BaseInfoCateId=1328&Cate_Id=1248&parentcateid=1328
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Parameter s Permitted Values  Default  

Account ->Register->Login address  

Phone User Interface:  

Sign in->User Sign in->Address  

account.sign_in.user_name  
String within 128 

characters  
Blank  

Description : 

Configures the user name for the User Sign in (User Credentials)  method.  

The value format is username@domain.com  or username@domain,  

domain.com \ username or domain \ username.  

Example : 

account.sign_in.user_name = 2216@yealinkuc.com  

Web User Interface:  

Account ->Register->Register Name  

Phone User Interface:  

Sign in->User Sign in->UserName  

account.sign_in.password  
String within 99 

characters  
Blank  

Description : 

Configures the  password for the User Sign in (User Credentials)  method.  

Web User Interface:  

Account ->Register->Password  

Phone User Interface:  

Sign in->User Sign in->Password  

To sign into  the  Skype for Business Server  using User Sign-in method via  web user  

interface : 

1. Click on  Account ->Register . 

2. Select  User Sign in from the pull -down list of Mode . 

3. Enter your Skype for Business userõs sign-in address  (e.g. , 2216@yealinkuc .com)  in 

the  Login  address  field.  

4. Enter your Skype for Business user name ( e.g. , 2216@yealinkuc .com)  in the  Register  

Name  field.  

  

mailto:username@domain.com
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5. Enter the sign -in password  in the Password  field.  

 

6. Click Sign In to accept the change.  

To sign into  the  Skype for Business Server  using  User Sign in method via  phone  user 

interface : 

1. Press the Sign in soft key.  

2. Press     or    , or the Switch  soft key  to select  User Sign in. 

3. Enter your  Skype for Business userõs sign-in address  (e.g. , 2216@yealinkuc .com)  in 

the  Address  field . 

4. Enter your Skype for Business user name ( e.g. , 2216@yealinkuc .com)  in the  

UserName  field.  

5. Enter the sign -in password  in the Password  field.  

 

6. Press     ,     or the Switch  soft key to select the desired value from the 

Remember Password  filed.  

If it is on , the user name and password will b e filled automatically when you enter 

the sign -in address  next time.  

7. Press the Sign in soft key.  
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PIN Sign-in 

Procedure  

PIN sign-in be configured  using the configuration files  or locally . 

Configuration File  

<MAC>.cfg  

Configure PIN Sign-in (PIN 

Authentication)  method.  

Parameters:  

account.sign_in.pin_number  

<y0000000000xx>.cfg  

Configures the PIN for the  PIN 

Sign-in (PIN Authentication) . 

account.sign_in.pin_password  

Local  

Web User Interface  

Configure PIN Sign -in (PIN 

Authentication) method.  

Navigate to:  

http://<phoneIPAddress> /servl

et?p=account -register -lync&q=

load&acc=0  

Configure the certificate 

address of Skype for Business 

Server. 

Navigate to:  

http://<phoneIPAddress>/servl

et?p=features -general&q=load  

Phone User Interface  
Configure PIN Sign-in (PIN 

Authentication) . 

Details  of Configuration Parameters:  

Parameter s Permitted Values  Default  

account.sign_in.pin_number  
String within 128 

characters  
Blank  

Description : 

Configures the IP phone õs extension for the PIN Sign-in (PIN Authentication)  method.  

Web User Interface:  

Account ->Register->Extension 

Phone User Interface:  

Sign in->PIN Sign in->Extension 



Microsoft Skype for Business Edition IP Phones Administrator Guide  

92 

Parameter s Permitted Values  Default  

account.sign_in.pin_password  
String within 99 

characters  
Blank  

Description : 

Configures the PIN for the PIN Sign-in (PIN Authentication) method.  

Web User Interface:  

Account ->Register->Pin 

Phone User Interface:  

Sign in->PIN Sign in-> PIN 

To sign in to Skype for Business Server  using  the PIN Sign-in (PIN Authentication)  method  

via web  user interface:  

1. Click on Account ->Register . 

2. Select  User Sign in from the pull -down list of Mode . 

3. Enter your Skype for Business userõs phone number or extension  (e.g. , 2216) in the  

Extension  field.  

4. Enter your personal identification number  (e.g. , user2216) in the  Pin field.  

 

5. Click Sign In to accept the change.  

If there is no DHCP Server in your environment , you may fail to sign in phone using PIN 

Sign-in (PIN Authentication)  method, you can manually configure the  certificate 

address of Skype for Business Server to make the phone sign in successfully . 

To manually configure the  certificate address of Skype for Business Server  via web  user 

interface:  

1. Click on  Features>General Information . 
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2. Enter the  certificate address of Skype for Business Server in the  SFB Cert Service URL 

field . 

 

3. Click Confirm  to accept the change.  

To sign in to Skype for Business Server using  the PIN Sign-in (PIN Authentication)  method  

via phone user interface:  

1. Press the Sign in soft key.  

2. Press     or     , or the  Switch  soft key  to select  PIN Sign in. 

3. Enter your phone number or extension (e.g. , 2216) in the extension  field.  

4. Enter your Pin in the PIN field.  

 

5. Press     ,     or the Switch  soft key to select the desired value from the 

Remember Password  filed.  

If it is on , the PIN will be filled automatically when you enter the phone number  or 

extension  next time.  
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6. Press the  Sign in soft key.  

Device Pairing for Online 

Device Pairing for Online is used to establish the connection between  your phone and 

PC, so that you can sign into phone by web browser.  This sign-in method is only 

applicable to Online account.  

Procedure  

Device p airing for online  can be using the configuration  files or locally.  

Configuration File  <y0000000000xx>.cfg  

Configure device pairing for online 

method . 

Parameters:  

features.device_pairing_for_online.

enable  

Local  

Web User Interface  

Configure device pairing for online 

method . 

Navigate to : 

http://<phoneIPAddress>/servlet?p

=account -register -lync&q=load&a

cc=0  

Phone User Interface  
Configure device pairing for online 

method . 

Details of Configuration Parameters:  

Parameter s Permitted Values  Default  

features.device_pairing_for_online.enable  0 or 1 1 

Description : 

Enables or disables  the user to sign into the Skype for Business Server using Device 

Pairing for Online method . 

0-Disabled  

1-Enabled  

Web User Interface:  

Features ->General In formation ->Device Pairing for Online  

Phone User Interface:  

None  
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To configure Device Pairing for Online  via web user interface : 

1. Click on Feature s->General  Information . 

2. Select the desired value from the pull -down list of Device  Pairing  for Online . 

-  If it is enabled, you can  sign into  the Skype for Business Server  using Device 

Pairing for Online method.  

-  If it is disabled, you ca nnot sign into  the Skype for Business Server  using Device 

Pairing for Online method.  

 

3. Click Confirm  to accept the change.  

To sign into  Skype for Business Server  using Device Pairing for Online  method via  phone  

user interface : 

1. Press the Sign in soft key . 

 

2. Press     ,     or the Switch  soft key to select Device Pairing for Online . 

3. Press     ,     or the Switch  soft key to select the corresponding country from the 

Select site  field.  

4. Press the  Sign in soft key.  
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The  screen will show the pairing code and URL.  

 

5. Enter the  URL (e.g., htt ps://pinauthtest1.cloudapp.net ) in the address bar of the 

web browser on your PC, and then press Enter. 

6. Enter your  email address (e.g., yealink1@lyosbpsmds.ccsctp.net ) in the Email 

address  field.  

 

7. Click Verify email  to check the  validity  of the email  address . 

The sign-in screen will appear if the email address is valid.   

8. Enter your  Online account and password.  

9. (Optional) Check the Keep me signed in  check box , so that y ou don't need to 

enter a password  next time.  

 

mailto:yealink1@lyosbpsmds.ccsctp.net
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10. Click Sign in. 

11. Enter the pairing code (e.g., YT4DYBCKL) in the Code  field.  

 

12. Click Continue . 

 

13. Click the account to sign in.  

If you click Use another account , enter another  Online account and password, 
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and then click Sign in. The phone will sign into the Skype for Business Server 

automatically.  

If the Skype for Business Server is configured to  forcibly  lock the phone. You need to 

configure an unlock PIN at the initial sig n-in. 

Sign out 

Procedure  

Sign-out  can be configured  locally . 

Local  

Web User Interface  

Sign out of Skype for Business 

Server. 

Navigate to : 

http://<phoneIPAddress>/servl

et?p=account -register -lync&q=

load&acc=0  

Phone User Interface  
Sign out of Skype for Business 

Server. 

To sign out of  Skype for Business Server  via web  user interface:  

1. Click on  Account ->Register . 

 

2. Click Sign Out  to accept the change . 

To sign out of  Skype for Business Server : 

1. Press the Status soft key.  

2. Press    or    to select  Sign Out .  

The phone  signs out of Skype for Business  server . 

After you sign out of Skype for Business, the account -related features (calling, 

viewing Skype for Business contacts, cale ndar, etc. ) are not available. However, 

you can  still use other phone features.  



Configuring Basic Features  

99 

Updating Status Automatically 

The Skype for Business Server help s you keep your p resence information up -to -date by 

monitoring  idle time of your phone.  Phone status will be  Inactive when  your phone  has 

been  idle  for the designated time . Phone status will  c hange from Ina c tive to Away afte r 

another  designated time . 

Procedure  

Updating status automatically can be configured using the  configuration files or locally.  

Configuration 

File 
<y0000000000xx>.cfg  

Configures the inactive time (in 

minutes) of the IP phone.  

Parameters:  

sfb.presence.inactive_time  

sfb.presence.away_time  

Local  Web User Interface  

Configures the inactive time (in 

minutes) of the IP phone.  

Navigate to :  

http://<phoneIPAddress>/servlet?p=fea

tures-general&q=load  

Details of Configuration Parameters:  

Parameter s Permitted Values  Default  

sfb.presence.inactive_time  Inte ger from  5 to 360  5 

Description : 

Configures the inactive time (in minutes) of the IP phone, after which the phone will 

change its status to Inactive automatically.  

Example : 

If it is set to 5, the IP phone will change its status to Inactive automatically when inactive 

time reaches 5 minutes.  

Note : If you  change this parameter,  the IP phone will reboot to make the change 

take effect.  

Web User Interface:  

Features ->General Information ->SFB Away Time  

Phone User Interface:  

None  

sfb.presence.away_time  Integer  from 5 to 360  5 
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Description : 

Configures the inactive time (in minutes)  of the IP phone,  after which the  phone will 

change its status from Inactive to  Away automatically.  

Example : 

If it is set to 5, the IP phone whose status is Inactive will change to Away automatically 

after 5 minutes.  

Note : If you change this parameter,  the IP phone will reboot to make the change 

take effect.  

Web User Interface:  

Features ->General Information ->SFB Away Time  

Phone User Interface:  

None  

To configure the automatic status updating time  via web  user interface:  

1. Click on Features ->General Information . 

2. Enter the desired time  in the  SFB Inactive Time  field . 

3. Enter the desired time  in the  SFB Away Time field . 

 

4. Click Confirm  to accept the change.  

Web Server Type 

Web server type determines access protocol of the IP phone õs web user interface . IP 

phones  support both HTTP and HTTPS protocols for accessing the  web user interface. 
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HTTP is an application protocol that runs on top of the TCP/IP suite of protocols . HTTPS is 

a web protocol that encrypts and decrypts user page requests a s well as pages 

returned by  the web server . Both HTTP and HTTPS port numbers are configurable.  

Procedure  

Web server type  can be configured  using the configuration files  or locally . 

Configuration File  <y0000000000xx>.cfg  

Configure the web access 

type, HTTP port and HTTPS port.  

Parameters:  

wui.http_enable  

network.port.http  

wui.https_enable  

network.port.http s 

Local  

Web User Interface  

Configure the web access 

type, HTTP port and HTTPS port. 

Navigate to : 

http://<phoneIPAddress>/ servl

et?p=network -adv&q=load  

Phone User Interface  
Configure the web access 

type, HTTP port and HTTPS port. 

Details of Configuration Parameters:  

Parameter s Permitted Values  Default  

wui.http_enable  0 or 1 1 

Description : 

Enables or disables  the user to access web user interface of the IP phone  using the 

HTTP protocol. 

0-Disabled  

1-Enabled  

Note : If you change this parameter,  the IP phone will reboot to make the change 

take effect.  

Web User Interface:  

Network ->Advanced ->Web Server ->HTTP 

Phone User Interface:  

Menu ->Advanced (default password: admin)  ->Network ->Webserver Type ->HTTP 

Status 
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Parameter s Permitted Values  Default  

network.port.http  Integer from 1 to 65535  80 

Description : 

Configures the  HTTP port for the user  to access web user interface of the IP phone  

using the HTTP protocol.  

Note : If you change this parameter,  the IP phone will reboot to make the change 

take effect.  

Web User Interface:  

Network ->Advanced ->Web Server ->HTTP Port(1~65535) 

Phone User Interface:  

Menu ->Advanced (default password: admin)  ->Network ->Webserver  Type->HTTP 

Port 

wui.https_enable  0 or 1 1 

Description : 

Enables or disables  the user to access web user interface of the IP phone  using the 

HTTPS protocol. 

0-Disabled  

1-Enabled  

Note : If you change this parameter,  the IP phone will reboot to make the change 

take effect.  

Web User Interface:  

Network ->Advanced ->Web Server ->HTTPS 

Phone User Interface:  

Menu ->Advanced (default password: admin)  ->Network ->Webserver Type ->HTTPS 

Status 

network.port.http s Integer from 1 to 65535 443 

Description : 

Configures the  HTTPS port for the user to access web user interface of the IP phone  

using the HTTPS protocol.  

Note : If you change this parameter,  the IP phone will reboot to make the change 

take effect.  

Web User Interface:  

Network ->Advanced ->Web Server ->HTTPS Port(1~65535) 

Phone User Interface:  
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Parameter s Permitted Values  Default  

Menu ->Advanced (default password: admin)  ->Network ->Webserver Type ->HTTPS 

Port 

To configure web server type via web user interface:  

1. Click on Network ->Advanced . 

2. Select the desired value from the pull -down list of HTTP. 

3. Enter the desired HTTP port number in the HTTP Port(1~65535)  field.  

The default HTTP port number is 80.  

4. Select the desired value from the pull -down list of HTTPS. 

5. Enter the desired HTTPS port number in the HTTPS Port(1~65535)  field.  

The default HTTPS port number is 443.  

 

6. Click Confirm  to accept the change.  

A dialog box pops up  to prompt that settings will take effect after a reboot.  

7. Click OK to reboot the IP phone . 

To configure web server type via phone  user interface:  

1. Press Menu ->Advanced  (default password: admin)  ->Network ->Webserver Type . 

2. Press     or     , or the Switch  soft key  to select the desired value  from  the HTTP 
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Status field . 

3. Enter the  desired HTTP port number in the HTTP Port field.  

4. Press     or     , or the Switch  soft key  to select the desired value  from  the HTTP 

Status field . 

5. Enter the desired HTTPS port number in the  HTTPS Port field.  

6. Press the Save  soft key  to accept the change . 

The IP phone reboots automatically to make settings effective  after a period of 

time . 

Time and Date 

IP phones maintain a local clock and calendar. Time and date are displayed on the 

id le screen of IP phones.  

The following table lists available configuration methods for time and date.  

Option  Configuration Methods  

NTP time server 

Configuration Files  

Web User Interface  

Phone User Interface  

Time Zone 

Configuration Files  

Web User Interface  

Phone User Interface  

Time 
Web User Interface  

Phone User Interface  

Time Format  

Configuration Files  

Web User Interface  

Phone User Interface  

Date  
Web User Interface  

Phone User Interface  

Date Format  

Configuration Files  

Web User Interface  

Phone User Interface  

Daylight Saving Time  
Configuration Files  

Web User Interface  

  



Configuring Basic Features  

105 

NTP Time Server 

A time server is a PC server that reads the actual time from a reference clock and  

distributes this information to the clients in a network. The Network Time Protocol (NTP) is 

the most widely  used protocol that distributes and synchronizes time in the network . 

The IP phone  issues a DHCP request to query  Option 42 for obtaining the NTP server  and 

synchronize s the time and date automatically from the NTP time server by default. The 

NTP time server address can be offered by the DHCP server or configured manually.  NTP 

by DHCP Priority  feature can configure the priority for  the IP phone to use the NTP time 

server address offered  by the DHCP server or  configured manually . 

Time Zone 

A time zone  is a region on Earth that has a uniform standard time. It is convenient for 

areas in close commercial or other communication to keep the same time. When 

configuring the IP phone to obtain the time and date from the NTP time server, you 

must set the time z one . 

Procedure  

NTP time server and time zone  can be configur ed using the configuration  files or locally . 

Configuration File  <MAC> .cfg  

Configure NTP by DHCP priority 

feature  and DHCP time feature.  

Parameters:  

local_time.manual_ntp_srv_prior  

local_time.dhcp_time  

Configure the NTP server, time 

zone.  

Parameters:  

local_time.ntp_server1  

local_time.ntp_server 2 

local_time.interval  

local_time.time_zone  

local_time.time_zone_name  

Local  Web  User Interface  

Configure NTP by DHCP priority 

feature  and DHCP time feature.  

Configure the NTP server, time 

zone.  

Navigate to : 

http://<phoneIPAddress>/ servlet

?p=settings -datetime&q=load  
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Phone User Interface  

Configure DHCP time feature . 

Configur e the NTP server and 

time zone.  

Details of Configuration Parameters:  

Parameter s Permitted Values  Default  

local_time.manual_ntp_srv_prior  0 or 1 0 

Description : 

Configures the priority for  the IP phone  to use the  NTP server address offered by the 

DHCP server. 

0-High (use the NTP server address offered  by the DHCP server preferentially)  

1-Low (use the NTP server address configured manually preferentially)  

Web User Interface:  

Settings->Time & Date ->NTP by DHCP Priority 

Phone User Interface:  

None  

local_time.dhcp_time  0 or 1 0 

Description : 

Enables or disables the IP phone  to update time with the offset time offered by  the 

DHCP server. 

0-Disabled  

1-Enabled  

Note : It is only available to offset from GMT 0.  

Web User Interface:  

Settings->Time & Date ->DHCP Time 

Phone User Interface:  

Menu ->Basic->Date & Time ->DHCP Time 

local_time.ntp_server1  
IP Address or Domain 

Name  
cn.pool.ntp.org  
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Parameter s Permitted Values  Default  

Description : 

Configures the IP address or the domain name of the NTP server  1. 

Example : 

local_time.ntp_server1 = 192.168.0.5  

Web User Interface:  

Settings->Time & Date ->Primary Server  

Phone User Interface:  

Menu ->Basic->Date & Time ->General ->SNTP Settings->NTP Server1 

local_time.ntp_server2  
IP Address or Domain 

Name  
cn.pool.ntp.org  

Description : 

Configures the IP address or the domain name of the NTP server  2. 

If the NTP server 1 is not configured or cannot be accessed, the IP phone will request 

the time and date from the NTP server 2. 

Example : 

local_time.ntp_server2 = 192.168.0.6  

Web User Interface:  

Settings->Time & Date ->Secondary Server  

Phone User Interface:  

Menu ->Basic->Date & Time->General ->SNTP Settings->NTP Server2 

local_time.interval  Integer  from 15 to 86400  1000 

Description : 

Configures  the interval (in seconds) to update time and date from the NTP server . 

Example : 

local_time.interval = 1000  

Web User Interface:  

Settings->Time & Date ->Synchronism (15~86400s)  

Phone User Interface:  

None  

local_time.time_zone  -11 to +14 +8 
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Parameter s Permitted Values  Default  

Description : 

Configures the time zone.  

Example : 

local_time.time_zone = +8  

For more available time zones, refer to Appendix B: Time Zones  on page 344. 

Web User Interface:  

Settings->Time & Date ->Time Zone  

Phone  User Interface:  

Menu ->Basic->Date & Time ->General ->SNTP Settings->Time Zone 

local_time.time_zone_name  String within 32 characters  China(Beijing)  

Description : 

Configures the time zone name.  

The available time zone names depend on the time zone configured by the 

parameter òlocal_time.time_zoneó. For more information on the  available time zone 

names  for each time zone , refer to Appendix B: Time Zones  on page 344. 

Example : 

local_time.time_zone_name = China(Beijing)  

Note: It works only if the value of the parameter òlocal_time.summer_timeó is set to 2 

(Automatic) and the parameter òlocal_time.time_zoneó should be configured in 

advance.  

Web User Interface:  

Settings->Time & Date ->Location  

Phone User Interface:  

Menu ->Basic->Date & Time ->General ->SNTP Settings->Location  

To configure NTP by DHCP priority feature via web user interface:  

1. Click on  Settings->Time & Date . 
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2. Select the desired value from the pull -down list of  NTP by DHCP Priority. 

 

3. Click Confirm  to accept  the change.  

To configure the NTP server, time zone  via web user interface:  

1. Click on  Settings->Time & Date . 

2. Select Disabled  from the pull -down  list of Manual Time . 

3. Select the desired time zone from the pull -down list of Time Zone . 

4. Select the desired location from the pull -down list of Location . 

5. Enter the domain name or IP address  in the Primary  Server and Second ary  Server 

field respectively.  

6. Enter the desired time interval in the Synchronism  (15~86400s) field.  
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7. Click Confirm  to accept  the change.  

To configure the SNTP settings via phone user interface:  

1. Press Menu ->Basic ->Date  & Time->General ->SNTP Settings . 

2. Press    or    , or the Switch  soft key to  select the  time zone that applies to your 

area from the Time Zone  field.  

The default time zone is "GMT+8". 

3. Enter the domain name or IP address  of SNTP server in the NTP Server1 and NTP 

Server2 field respectively.  

4. Press    or    , or the Switch  soft key to select automatic, enabled and disabled 

from  the  Daylight Saving field . 

5. Press    or    , or the Switch  soft key to select the desired location from  the 

Location  field.  

6. Press the Save  soft key to accept the change.  

Time and Date Settings 

You can set the time and date  manually  when IP phones cannot obtain the time and 

date from the NTP time server. The time and date display can use one of several 

different formats.  

Procedure  

Time and date can be  configured  using the configuration  files or locally . 

Configuration File  <MAC> .cfg  

Configure the time and date 

manually.  

Parameter:  

local_time.manual_time_enable  

Configure the time and date 

formats.  

Parameters:  

local_time.time_format  

local_time.date_format  

Local  Web  User Interface  

Configure  the  time and date 

manually.  

Configure  the time and  date 

formats.  

Navigate to : 

http://<phoneIPAddress>/ servlet

?p=settings -datetime&q=load  
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Phone User Interface  

Configure  the  time and date 

manually.  

Configure  the time and  date 

formats.  

Details of Configuration Parameters:  

Parameter s Permitted Values  Default  

local_time.manual_time_enable  0 or 1 0 

Description : 

Enables or disables the IP phone to ob tain time and date from manual settings . 

0-Diable d (obtain time  and date  from NTP server) 

1-Enabled (obtain time  and date  from manual settings)  

Web User Interface:  

Settings->Time & Date ->Manual Time  

Phone User Interface:  

None  

local_time.time_format  0 or 1 1 

Description : 

Configures the time format.  

0-Hour 12 

1-Hour 24 

If it is set to 0 (Hour 12), the time will be displayed in 12 -hour format with AM or PM 

specified.  

If it is set to 1 (Hour 24), the time will be displayed in 24 -hour format (e.g., 2:00 PM 

displays as 14:00).  

Web User Interface:  

Settings->Time & Date ->Time Format  

Phone User Interface:  

Menu ->Basic->Date & Time ->Time & Date  Format ->Time Format  

local_time.date_format  0, 1, 2, 3, 4, 5 or 6  0 

Description : 

Configures the date format . 

Valid values are:  
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Parameter s Permitted Values  Default  

0-WWW MMM DD  

1-DD-MMM -YY 

2-YYYY-MM -DD 

3-DD/MM/YYYY  

4-MM/DD/YY  

5-DD MMM YYYY 

6-WWW DD MMM  

Note : òWWWó represents the abbreviation of the week, òDDó represents a two-digit 

day, òMMMó represents the first three letters of the month, òYYYYó represents a 

four -digit year, and òYYó represents a two-digit year.  

Web  User Interface:  

Settings->Time & Date ->Date Format  

Phone User Interface:  

Menu ->Basic->Date & Time ->Time & Date  Format ->Date Format  

To configure the  time and date manual ly via web user interface:  

1. Click on Settings->Time & Date . 

2. Select Enabled  from the pull -down list of Manual Time . 

3. Enter the time and date in the corresponding fields.  

 

4. Click Confirm  to accept  the change.  

To configure the time and dat e format via web user interface:  

1. Click on Settings->Time & Date . 

2. Select the desired value from the pull -down list of Time Format . 
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3. Select the desired value from the pull -down list of Date Format . 

 

4. Click Confirm  to accept  the change.  

To configure the  date  and  time manually via phone user interface:  

1. Press Menu ->Basic ->Date &Time ->General ->Manual  Settings . 

2. Enter the specific  date  and  time  or press     or     to edit specific  date  and  time  

in the corresponding fields . 

3. Press Save to accept the change.  

The time and  date displayed  on the LCD screen  will change accordingly.  

To configure the time and date format via phone user interface:  

1. Press Menu  ->Basic ->Date &Time  ->Time & Date Format . 

2. Press     or     , or the Switch  soft key  to select the desired date format  from the 

Date Format  field . 

3. Press     or     , or the Switch  soft key  to select the desired time  format  (12 Hour  

or 24 Hour ) from the Time Format  field . 

4. Press the Save  soft key to accept the change or the Back  soft key to cancel.  

Daylight Saving Time 

Daylight Saving Time (DST) is the practice of temporary advancing clocks during the 

summer  time so that evenings have more daylight and mornings have less. Typically, 

clocks are adjusted forward one hour at the start of spring and backward in autumn. 

Many countries have used the DST at various times, details va ry by location. By default, 

the DST is set to Automatic, so it can be adjusted automatically from the current time 

zone configuration.  You can configure DST for the desired area as required.  
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Procedure  

Daylight saving time  can be configur ed using the config uration  files or locally . 

Configuration File  <MAC> .cfg  

Configure DST.  

Parameters:  

local_time.summer_time  

local_time.dst_time_type  

local_time.start_time  

local_time.end_time  

local_time.offset_time  

Local  Web  User Interface  

Configure DST.  

Navigate to : 

http:// <phoneIPAddress>/ servlet

?p=settings -datetime&q=load  

Details of Configuration Parameters:  

Parameter s Permitted Values  Default  

local_time.summer_time  0, 1 or 2 2 

Description : 

Configures Daylight Saving Time (DST) feature.  

0-Disabled  

1-Enabled  

2-Automatic  

Web User Interface:  

Settings->Time & Date ->Daylight Saving Time  

Phone User Interface:  

Menu ->Basic->Date & Time ->General ->SNTP Settings->Daylight Saving  

local_time.dst_time_type  0 or 1 0 

Description : 

Configures the DST time type.  

0-DST By Date  

1-DST By Week  

Note : It works only if the value of the parameter  òlocal_time.summer_timeó is set to 1 

(Enabled).  
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Parameter s Permitted Values  Default  

Web User Interface:  

Settings->Time & Date ->Fixed Type  

Phone User Interface:  

None  

local_time.start_time  Time 1/1/0  

Description : 

Configures  the start time of the DST.  

Value formats are:  

 ̧ Month /D ay /Hour (for DST By Date ) 

 ̧ Month/Day of Week Last in Month/Day of Week/Hour of Day  (for DST By Week ) 

If òlocal_time.dst_time_typeó is set to 0 (DST By Date ), use the mapping:  

Month : 1=Jan uary , 2=February,é, 12=December  

Day : 1=the first day in a month,é, 31= the last day in a month 

Hour : 0=0am, 1= 1am,é, 23=11pm  

If òlocal_time.dst_time_typeó is set to 1 (DST By Week ), use the mapping:  

Month : 1=Jan uary , 2=February,é, 12=December  

Day of Week Last in Month : 1=the first week in a month,é, 5=the last week in a 

month  

Day of Week:  1=Mon day , 2=Tuesday,é, 7=Sunday  

Hour of Day:  0=0am, 1= 1am,é, 23=11pm  

Note : It works only if the value of the parameter  òlocal_time.summer_timeó is set to 1 

(Enabled).  

Web User Interface:  

For DST By Date: 

Settings->Time & Date ->Start Date  

For DST By Week: 

Settings->Time & Date ->DST Start Month/DST Start Day of Week/DST  Start Day of 

Week Last in Month/Start Hour of Day  

Phone User Interface:  

None  

local_time.end_time  Time 12/31/23  

Description : 

Configures  the end time of the DST.  
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Parameter s Permitted Values  Default  

Value formats are:  

 ̧ Month /D ay /Hour (for DST By Date ) 

 ̧ Month/Day of Week Last in Month/Day of Week/Hour of Day  (for DST By Week ) 

If òlocal_time.dst_time_typeó is set to 0 (DST By Date ), use the mapping:  

Month : 1=Jan uary , 2=February,é, 12=December  

Day : 1=the first day in a month,é, 31= the last day in a month 

Hour : 0=0am, 1= 1am,é, 23=11pm  

If òlocal_time.dst_time_typeó is set to 1 (DST By Week ), use the mapping:  

Month : 1=Jan uary , 2=February,é, 12=December  

Day of Week Last in Month : 1=the first week in a month,é, 5=the last week in a 

month  

Day of Week:  1=Mon day , 2=Tuesday,é, 7=Sunday  

Hour of Day:  0=0am, 1= 1am,é, 23=11pm  

Note : It works only if the value of the parameter  òlocal_time.summer_timeó is set to 1 

(Enabled).  

Web User Interface:  

For DST By Date: 

Settings->Time & Date ->End Date  

For DST By Week: 

Settings->Time & Date ->DST Stop Month/DST Stop Day of Week/DST Stop Day of 

Week Last in Month/Stop Hour of Day  

Phone User Interface:  

None  

local_time.offset_time  Integer from -300 to 300  Blank  

Description : 

Configures the offset time (in minutes ) of DST. 

Note : It works only if the value of the parameter  òlocal_time.summer_timeó is set to 1 

(Enabled).  

Web User Interface:  

Settings->Time & Date ->Offset (minutes)  

Phone User Interface:  

None  

To configure the DST via web user interface:  

1. Click on Settings->Time & Date . 
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2. Select Disabled  from the pull -down list of  Manual Time . 

3. Select the desired time zone from the pull -down list of Time Zone . 

4. Enter the domain name or IP address  in the Primary  Server and Second ary  Server 

field respectively.  

5. Enter the desired time interval in the Synchronism  (15~86400s) field.  

6. Mark the Enabled  radio box in the  Daylight Saving Time  field . 

-  Mark the DST by Date  radio box  in the Fixed Type  field.  

Enter the start time in the  Start Date  field.  

Enter the end time in the End Date  field.  

 

-  Mark the DST by Week  radio box in the Fixed Type  field.  

Select the desired values of DST Start Month, DST Start Week of Month , DST Start 

Day of Week, Start Hour of Day ; DST Stop Month, DST Stop Week of Month , DST 

Stop Day of Week  and End Hour of Day from the pull -down lists.  
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7. Enter the desired offset time in the Offset( minutes)  field.  

8. Click Confirm  to accept  the change.  

Customizing an AutoDST Template File 

The time zone and corresponding DST pre -c onfigurations exist in the Auto DST file. If the 

DST is set to Automatic, the IP phone obtains the DST configuration from the AutoDST file. 

You can customize the Auto DST file if required.  The AutoDST file allows you to a dd or 

modify time zone and DST settings  for your area  each year . 

Before customizing , you need to obtain the AutoDST file . You can ask the distributor or 

Yealink FAE for DST template . You can also obtain the DST template  online:  

http://www.yealink.com/solution_info.aspx?ProductsCateID=1248&cateid=1248&BaseInfoC

ateId=1328&Cate_Id=1248&parentcateid=1328 . For more information on obtaining the 

template file, refer to  Obtain ing Configuration Files and Resource Files  on page 36. 

The following table lists  description of each element in the template  file: 

Element  Type Values  Description  

DSTData required  no  File root element  

DST required  no  
Time Zone itemõs root  

element  

szTime required  [+/ -][X]:[Y] , X=0~13, Y=0~59 Time Zone 

szZone required  

String (if the content is more 

than one  city, it is the best to 

keep their daylight saving 

time the same ) 

Time Zone name  

iType  optional  

0/1  

0: DST By Date  

1: DST By Week  

DST time type  

(This item is needed  if 

you want to 

configure DST.)  

szStart optional  

Month/Day/Hour  (for iType=0 ) 

Month: 1~12  

Day: 1~31  

Hour: 0 (midnight)~23  

Month/Day of  Week Last in 

Month/Day of Week /Hour of 

Day  (for iType=1 ) 

Month: 1~12  

Day of Week Last in Month : 

1~5 (the last week)  

Day of Week: 1~7  

Hour of Day: 0  (midnight)~23  

Start time of the DST 

szEnd optional  Same as szStart End time of the DST 
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Element  Type Values  Description  

szOffset optional  Integer from -300 to 300  
The offset time (in 

minutes) of DST 

When customizing  an Auto DST file, learn  the following:  

 ̧ <DSTData> indicates the start of a template and </DSTData> indicates  the end of 

a template.  

 ̧ Add or modify time zone and DST settings  between  <DSTData> and </DSTData>.  

 ̧ The display order of time zone is corresponding to the szTime order specified in the 

AutoDST.xml file. 

 ̧ If the start time of DST is greater than the end time,  the valid time of DST is from the 

start time of this year to the end time of the next  year.  

Customizing a n Auto DST file: 

1. Open the AutoDST file using an ASCII editor . 

2. Add or mod ify time zone and DST setti ngs as you want  in the AutoDST file . 

Example 1 : 

To modify the DST settings for the existing  time zone ò+5 Pakistan(Islamabad) ó and 

add DST settings for the existing  time zone ò+5:30 India(Calcutta) ó. 
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Example 2:  

Add a new time zone (+6 Paradise) with daylight saving time 30 minutes . 

 

3. Save this file and  place it to the provisioning server (e.g., 192.168.1.100).  

4. Specify the access  URL of the Auto DST file in the configuration files.  

Procedure  

The access URL of the Auto DST file can be specifie d using the configuration  files. 

Configuration File  <MAC> .cfg  

Specify the access URL of the 

AutoDST file. 

Parameters:  

auto_dst.url  

Details of Configuration Parameters:  

Parameter s Permitted Values  Default  

auto_dst.url  URL within 511 characters  Blank  

Description : 

Configures the access URL of the Auto DST file (AutoDST.xml). 

Example : 

auto_dst.url  = tftp://192.168.1.100/AutoDST.xml  

During the auto provisioning process, the IP phone connects to the provisioning 

server ò192.168.1.100ó, and downloads the AutoDST file òAutoDST.xmló. After update, 

you will find a new  time zone  òParadiseó and updated DST of òPakistan (Islamabad) ó 

and òIndia (Calcutta) " via  web  user interface: Settings->Time & Date ->Time Zone . 

Note : It works only if the value of the parameter "local_time.summer_time" is set to 2 
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Parameter s Permitted Values  Default  

(Automatic).  

Web User In terface:  

None  

Phone User Interface:  

None  

Language 

IP phones support multiple languages. Languages used on the phone  user interface 

and web user interface can be specified respectively as required.  

The following table lists languages supported by the phone  user interface and the web 

user interface.  

Phone /Web  User Interface  

English 

Chinese Simplified  

Chinese Traditional  

French  

German  

Italian  

Polish 

Portuguese  

Spanish 

Turkish 

Korean  (not applicable to phone user 

interface of SIP -T40P IP phones) 

Russian 

Loading Language Packs 

Languages available for selection depend on language packs currently loaded to the 

IP phone. You can customize the translation of the existing language on the phone user 

interface or web user interface. You can also make new language s (not included in the 

available language list)  available for use on the phone user interface and web user 

interface by loading language packs to the IP phone. Language packs can only be 

loaded using configuration files.  

You can ask the distributor or Yeal ink FAE for language packs . You can also obtain the 
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language packs  online : 

http://www.yealink.com/solution_info.aspx?P roductsCateID=1248&cateid=1248&BaseI

nfoCateId=1328&Cate_Id=1248&parentcateid=1328 . 

For more information on obtaining the language packs, refer to Obtain ing 

Configuration  Files and Resource Files  on page 36. 

Note  

Customizing a Language for Phone User Interface 

The following table lists the available languages and associated language packs for 

the phone user interface:  

Available Language  Associated Language Pack  

English 000.GUI.English.lang  

Chinese  Simplified  001.GUI.Chinese_S.lang  

Chinese Traditional  002.GUI.Chinese_T.lang  

French  003.GUI.French.lang  

German  004.GUI.German.lang  

Italian  005.GUI.Italian.lang  

Polish 006.GUI.Polish.lang  

Portuguese  007.GUI.Portuguese.lang  

Spanish  008.GUI.Spanish.lang  

Turkish 009.GUI.Turkish.lang 

Korean  010.GUI.Korean.lang  

Russian 011.GUI.Russian.lang  

When adding a new language pack for the phone user interface , the language pack 

must be formatted as  òX.GUI.name.langó (X starts from 0 12, ònameó is replaced with 

the language name). If the language name is the same as the existing one, the existing 

language pack will be overridden  by the new uploaded one. We recommend that the 

filename of the new language pack should not be the same as the existing one.  

To customize a language  file:  

1. Open  the desired language  template file (e.g.,  000.GUI.English.lang ) using an 

ASCII editor.  

To modify translation of an existing language, do not rename the language file . 

The new added language must be supported by the font library  on the IP phone.  If the 

characters in the custom language file are not supported by the IP phone, the IP phone 

will display ò?ó instead.  

 

http://www.yealink.com/solution_info.aspx?ProductsCateID=1248&cateid=1248&BaseInfoCateId=1328&Cate_Id=1248&parentcateid=1328
http://www.yealink.com/solution_info.aspx?ProductsCateID=1248&cateid=1248&BaseInfoCateId=1328&Cate_Id=1248&parentcateid=1328
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2. Modify the characters within the double  quotation  marks on the right of the equal 

sign. Donõt modify the translation item on the left  of the equal sign . 

The following shows a portion of the language pack ò000.GUI.English.langó for the 

phone user interface  (take SIP-T46G IP phones for example) : 

 

3. Save the language file and place it to the provisioning server (e.g., 192.168.10.25). 

4. Specify the access URL of the phone user interface  language pack  in the  

configuration  files. 

If you want to add a new  custom  lan guage  (e.g., Guilan) to your IP phone (e.g., 

SIP-T46G), prepare the language file named as ò011.GUI.Guilan.lang ó for downloading . 

After update, you will find a new language selection òGuilanó on the phone user 

interface: Menu ->Basic ->Language . 

Procedure  

Loading language pack can only be performed using the configuration files.  

Configuration File  <y0000000000xx>.cfg  

Specify the access URL of 

the phone user interface  

language pack.  

Parameter : 

gui_lang.url  

Delete custom  LCD 

language packs of the 

phone user interface . 

Parameter : 

gui_lang.delete  
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Details of the Configuration Parameter:  

Parameter  Permitted Values  Default  

gui_lang.url  URL within 511 characters  Blank  

Description : 

Configures the access URL of the custom LCD language pack  for the phone user 

interface . 

Example : 

gui_lang.url = http://192.168.10.25/ 000.GUI.English.lang  

During the auto provisioning process, the IP phone connects to the HTTP provisioning 

server ò192.168.10.25ó, and downloads the language pack  ò000.GUI.English.langó. 

The English language translation will be changed accordingly  if you have modified 

the language template file . 

If you want to download multiple language packs to the IP phone  simultaneously, 

you can configure as following:  

gui_lang.url = http://192.168.10.25/ 000.GUI.English.lang  

gui_lang.url = http://192.168.10.25/ 001.GUI.Chinese_S.lang  

Web User Interface:  

None  

Phone User Interface:  

None  

gui_lang.delete  

http://localhost/all  or 

http://localhost/ Y.GUI.na

me.lang  

Blank  

Description : 

Delete s the specified or all  custom LCD language pack s of the phone user 

interface . 

Example : 

Delete all custom language pack s of the phone user interface : 

gui_lang. delete  = http://localhost/all  

Delete a custom language pack  of the phone user interface (e.g., 

001.GUI.Chinese_S.lang ): 

gui_lang. del ete  = http://localhost/ 001.GUI.Chinese_S.lang  

Web User Interface:  

None  

Phone User Interface:  
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Parameter  Permitted Values  Default  

None  

Customizing a Language for Web User Interface 

The following table lists available languages and associated language packs  for the 

web  user interface : 

Available Language  Associated Language Pack  

English 1.English.js 

Chinese  Simplified  2.Chinese_S.js 

Chinese Traditional  3.Chinese_T.js 

French  4.French. js 

German  5.German .js 

Italian  6.Italian. js 

Polish 7.Polish.js 

Portuguese  8.Portuguese. js 

Spanish 9.Spanish.js 

Turkish 10.Turkish.js 

Korean  11.Korean .js 

Russian 12.Russian.js 

When adding a new language pack for the web user interface, the language pack 

must be formatted as òY.name .jsó (Y starts from 13, ònameó is replaced with the 

language name).  If the language name is the same as the existing one, the existing 

language file will be overridden  by the new uploaded one. We recommend that the 

name of the new language file should not be the same as the existing languages.  

To customize a language  file:  

1. Open  the desired language  template file (e.g., 1 .English.js) using an ASCII editor.  

2. Modify the characters within the double  quotation  marks on the right of the colon . 

Donõt modify the translation item on the left  of the colo n. 
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The following shows a portion of the language pack ò1.English.jsó for the web user 

interface  (take SIP-T46G IP phones for example) : 

 

3. Save the language file  and place it to the provisioning server (e.g., 192.168.10.25). 

4. Specify the access URL of the web  user interface  language pack  in the 

configuration files . 

If you want to add a new language (e.g., Wuilan)  to IP phones, prepare the language 

file named as ò13.Wuilan.jsó for downloading . After update, you will find a new 

language selection òWuilanó on the web user interface: 

Setting s->Preference ->Language . 

Procedure  

Loading language pack can only be performed using the configuration files.  

Configuration File  <y0000000000xx>.cfg  

Specify  the access URL of 

the custom language  pack  

for web user interface.  

Parameter : 

wui _lang.url  

Delete custom language 

packs of the web user 

interface.  

Parameter : 

wui_lang.delete  

Details of the Configuration Parameter:  

Parameter  Permitted Values  Default  

wui_lang.url  URL within 511 characters  Blank  
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Parameter  Permitted Values  Default  

Description : 

Configures the access URL of the custom language pack  for the web  user interface . 

Example : 

wui_lang.url  = http://192.168.10.25/ 1.English.js 

During the auto provisioning process, the IP phone connects to the HTTP provisioning 

server ò192.168.10.25ó, and downloads the language pack  ò1.English.jsó. The English 

language translation will be changed accordingly  if you have modified the 

language temp late file . 

If you want to download multiple language packs to the web user interface 

simultaneously, you can configure as following:  

wui_lang.url  = http://192.168.10.25/ 1.English.js 

wui_lang.url = http://192.168.10.25/ 11.Russian.js 

Web User Interface:  

None  

Phone User Interface:  

None  

wui_lang .delete  
http://localhost/all  or 

http://localhost/ Y.name. js 
Blank  

Description : 

Delete the specified or all custom web language packs of the web user interface.  

Example : 

Delete all custom language pack s of the web user interface:  

wui _lang. delete  = http://localhost/all  

Delete a custom language pack  of the web user interface  (e.g., 11.Russian.js): 

wui_lang. delete  = http://localhost/ 11.Russian.js 

Web User Interface:  

None  

Phone User Interface:  

None  

Specifying the Language to Use 

The default language used on the phone user interface is English. If the language  of 

your web browser  is not supported by the IP phone, the web user interface will use 

English by default . You can specify the languages for the phone user interface and 
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web user interface respectively.  

Procedure  

Specify the language for the phone user interface or the web user interface using the 

configuration files or locally.  

Configuration File  <y0000000000xx>.cfg  

Specify the languages for the 

phone user interface and the 

web user interface.  

Parameter s: 

lang.gui  

lang.wui  

Local  

Web  User Interface  

Specify the language for the web 

user interface.  

Navigate to : 

http://<phoneIPAddress>/ servlet

?p=settings -preference&q=load  

Phone User Interface  
Specify the language for the 

phone user interface.  

Details of Configuration Parameters:   

Parameter s Permitted Values  Default  

lang.gui  Refer to the following content  English 

Description : 

Configures the language used on the phone user interface . 

Permitted Values : 

English, Chinese  Simplified , Chinese Traditional , French, German, Italian,  Polish, 

Portuguese , Spanish, Turkish, Korean, Russian or the custom language name.  

Example : 

lang.gui = English 

If you want to use the custom language  (e.g., Guilan)  for the IP phone , configure 

the parameter  òlang.gui = Guilan ó. 

Web User Interface:  

None  

Phone User Interface:  

Menu ->Basic->Language  

lang.wui  Refer to the following content  English 
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Parameter s Permitted Values  Default  

Description : 

Configures the language used on the web user interface.  

Permitted Values : 

English, Chinese  Simplified , Chinese Traditional , French, German, Italian, Polish, 

Portuguese, Spanish, Turkish , Korean, Russian or the custom language name.  

Example : 

lang.wui = English 

Note : If the language of your browser is not supported by the IP phone, the web user 

interface will use English by default.  

Web User Interface:  

Settings->Preference ->Language  

Phone User Interface:  

None  

To specify  the language for the web user interface  via web user interface : 

1. Click on Settings->Preference . 

2. Select the desired language from the pull -down list of Language . 

 

3. Click Confirm  to accept  the change.  

To specify  the language for the phone user interface  via phone user interface : 

1. Press Menu ->Basic ->Language . 

2. Press     or     to select the desired language.  

3. Press the Save  soft key to accept the change.  
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Key As Send 

Key as send allows assigning the pound key or asterisk key as the send key.  

Send sound allows the IP phone to play  a key tone when a user presses the send key. 

Key tone allows the IP ph one to play  a key tone when a user presses any key. Send 

sound  works only if key tone  is enabled.  Key tone is enabled by default.  

Procedure  

Key as send can be configured using the configuration files or locally.  

Configuration File  <y0000000000xx>.cfg  

Configure a  send key.  

Parameter : 

features.key_as_send  

Configure send pound key.  

Parameter : 

features.send_pound_key  

Configure a send sound . 

Parameter : 

features.send_key_tone  

Configure a  key tone . 

Parameter :  

features.key_tone  

Local  

Web  User Interface  

Configure a  send key.  

Configure send pound key.  

Navigate to : 

http://<phoneIPAddress>/ servlet

?p=features -general&q=load  

Configure a send sound  and key 

tone . 

Navigate to : 

http://<phoneIPAddress>/ servlet

?p=features -audio&q=load  

Phone User Interface  
Configure a  send key.  

Configure a  key tone . 
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Details of Configuration Parameters:   

Parameter s Permitted Values  Default  

features.key_as_send  0, 1 or 2 1 

Description : 

Configures  the "#" or "*" key as the send key . 

0-Disabled  

1-# key  

2-* key  

If it is set to 0 ( Disabled ), neither ò#ó nor ò*ó can be used as a send key.  

If it is set to 1 (# key ), the pound key is used as the send key.  

If it is set to 2 (* key ), the asterisk key is used as the send key.  

Web User Interface:  

Features ->General Information ->Key As Send 

Phone User Interface:  

Menu ->Features ->Key as Send  

features.send_pound_key  0 or 1 0 

Description : 

Enables or disables the IP phone to not send any po und key when pressing double 

#.  

0-Disabled (Send one pound key by pressing double #)  

1-Enabled (Do not send any pound key when pressing double #)  

Note: It works only if the value of the parameter òfeatures.key_as_sendó is set to 1 

(Enabled).  

Web User Interface:  

Features ->General Information ->Send Pound Key  

Phone User Interface:  

None  

features.key_tone  0 or 1 1 

Description : 

Enables or disables the IP phone to play a key tone when a user presses any key  on 

your phone keypad . 

0-Disabled  

1-Enabled  
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Parameter s Permitted Values  Default  

If it is set to 1 (Enabled), the IP phone will play a key tone when a user presses any 

key  on your phone keypad.  

Web User Interface:  

Features ->Audio ->Key Tone 

Phone User Interface:  

None  

features.send_key_tone  0 or 1 1 

Description : 

Enables or disables the IP phone to play a key tone when a user presses a  send  key . 

0-Disabled  

1-Enabled  

If it is set to 1 (Enabled), the IP phone will play a  key  tone when a user presses a  send  

key . 

Note : It works only if the value of the parameter  òfeatures.key_tone ó is set to 1 

(Enabled).  

Web User Interface:  

Features ->Audio ->Send Sound  

Phone User Interface:  

None  

To configure  a send key  via web  user interface:  

1. Click on Features ->General Information . 

2. Select the desired value from the pull -down list of Key  As Send . 

 

3. Click Confirm  to accept the change.  
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To configure  send pound key  via web  user interface:  

1. Click on Features ->General Information . 

2. Select the desired value from the pull -down list of Send Pound Key . 

 

3. Click Confirm  to accept the change.  

To configure a key tone  and a send sound  via web user interface:  

1. Click on  Features ->Audio . 

2. Select the desired value from the pull -down list of Key Tone. 

3. Select the desired value from the pull -down list of Send Sound . 

 

4. Click Confirm  to accept the change.  
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To configure  key as send via phone user interface:  

1. Press Menu ->Features->Key as Send . 

2. Press     or     , or the Switch  soft key to  select # or * from  the Key as Send field , 

or select  Disable d  to disable this f eature . 

3. Press the Save  soft key to accept the change.  

Dial Plan 

Regular expression, often called a pattern, is an expression that specifies a set of strings. 

A regular expression  provides a concise and flexible means to òmatch ó (specify and 

recognize) strings of text, such as particular characters, words, or patterns of  characters.  

Regular expression is used by many text editors, utilities, and programming languages to 

search and manipulate text based on patterns.  

Regular expression can be used to define IP phone dial plan . Dial p lan  is a string of 

characters that govern s the way for IP phones  to process  the inputs received from the 

IP phoneõs keypad s. The IP phone can receive  d ial p lan through in -band  provisioning . 

You need to know t he following basic regular expression syntax when creating dial 

plan : 

. 

The dot  ò.ó can be used as a placeholder or multiple placeholders 

for any string. Example:  

ò12.ó would match ò123ó, ò1234ó, ò12345ó, ò12abc ó, etc . 

x 
The òxó can be used as a placeholder for any character. Example:  

ò12xó would match ò121ó, ò122ó, ò123ó, ò12aó, etc . 

- 

The dash ò-ó can be used to match a range of characters  within the 

brackets . Example:  

ò[5-7]ó would match the number ò5ó, ó6ó or ó7ó. 

, 

The comma ò,ó can be used as a separator within the bracket. 

Example:  

ò[2,5,8]ó would match the number ó2ó, ò5ó or ò8ó. 

[]  

The square bracket "[] " can be used as a placeholder for a single 

character which matches any of a set of characters. Example:  

"91[5-7]1234"would match ò9151234ó, ò9161234ó, ò9171234ó. 

() 

The parenthes is "( )" can be used to group together patterns, for 

instance, to logically combine two or more patterns. Example:  

"([1-9])([2 -7])3" would match ò923ó, ò153ó, ò673ó, etc. 

$ 
The ò$ó followed by the sequence number of a parenthesis  me ans 

the characters placed in the parenthesis . The sequence  number 
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stands for  the corresponding parenthesis . Example:  

A replace rule configuration , Prefix: "001(xxx)45(xx)", Replace: 

"9001$145$2". When you dial out " 0012354599" on your phone, the IP 

phone will replace the number with  "90012354599". ò$1ó means 3 

digits in the  first parenthesis, that is, ò235ó. ò$2ó means 2 digits  in the  

second  parenthesis, that is, ò99ó. 

Dial-now 

Dial -now is a string used to match numbers entered by the user. When entered numbers 

match the predefined dial -now rule, the IP phone wil l automatically dial out the 

numbers without pressing the send key.  IP phones support up to 100 dial -now rules , 

which  can be created either one by one or in batch using a dial -now  rule template.  For 

more information on  how to customize a  dial -now template, refer to Customizing 

Dial -now Template File  on page  137. 

Delay Time  for Dial -now Rule  

The IP phone will automatically dial out the entered number, which matches the 

dial -now rule, after a specified period of time.  

Procedure  

Dial -now rule can be creat ed using the configuration files  or locally . 

Configuration File  <y0000000000xx>.cfg  

Create the dial -now rule for the 

IP phone.  

Parameters:  

dialplan.dialnow.rule.X  

Configure the delay time for the 

dial -now rule.  

Parameters:  

phone_setting.dialnow_delay  

Local  Web  User Interface  

Create the dial -now rule for the 

IP phone.  

Navigate to : 

http://<phoneIPAddress>/ servlet

?p=settings -dialnow&q=load  

Configure the delay time for the 

dial -now rule.  

Navigate to : 

http://<phoneIPAddress>/ servlet
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?p=features -general&q=load  

Details of Configuration Parameters:   

Parameter s Permitted Values  Default  

dialplan.dialnow.rule.X  

(X ranges from 1 to 100 ) 
String within 511 characters  Blank  

Description : 

Configures  the dial -now rule  (the string used to match the numbers entered by the 

user). 

When entered numbers match the predefined dial -now rule, the IP phone will 

automatically dial out the numbers without pressing the send key.  

Example : 

dialplan.dialnow.rule. 1 = 123 

Web User Interface:  

Settings->Dial Plan ->Dial -now ->Rule 

Phone User Interface:  

None  

phone_setting.dialnow_delay  Integer from  1 to 14 1 

Description : 

Configures the delay time (in seconds) for the dial -now rule.  

When entered numbers match the predefined dial -now rule,  the IP phone will 

automatically dial out the entered number after the designated delay time . 

Web User Interface:  

Features ->General Information ->Time-Out for Dial -Now Rule 

Phone User Interface:  

None  

To create  a dial -now rule via web user interface:  

1. Click on Settings->Dial Plan ->Dial -now . 
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2. Enter the desired value in the Rule field.  

 

3. Click Add  to add the dial -now rule.  

To configure the  delay time  for the dial -now rule via web user interface:  

1. Click on Features ->General Information . 

2. Enter the desired time  within 0-14 (in seconds) in the  Time-Out for Dial -Now Rule 

field.  

 

3. Click Confirm  to accept  the change.  

Customizing Dial-now Template File 

The dial -now template helps with the creation of multiple dial -now rules.  After setup,  

place  the dial -now template  to the provisioning server and  specify the access URL in 

the configuration file s. 

You can ask the distributor or Yealink FAE  for dial -now template . You can also obtain 

the dial -now template  online:  

http://www.yealink.com/solution_info.aspx?ProductsCateID=1248&cateid=1248&BaseInfoC

ateId=1328&Cate_Id=1248&parentcateid=1328 . For more information on obtaining the 
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dial -now template, refer to  Obtain ing Configuration  Files and Resource Files  on page 

36. 

When edi ting a dial -now template , learn  the following:  

 ̧ <DialNow> indicates the start of a template and  </DialNow>  indicates the end of 

a template . 

 ̧ When specifying the line for the dial -now rule, the valid value  is 0 or 1. No matter 

you leave it blank or set it to 0 or 1 , the dial -now rule  will all be  applied  to  account 

1. 

 ̧ At most 100 rules can be added to the IP phone.  

The expression syntax in the dial -now rule template is the same as that introduced in the 

section Dial Plan  on page  134. 

To customiz e a dial -now  template : 

1. Open the template file using an ASCII editor . 

2. Create dial -now rules between <DialNow > and  </ DialNow >. 

For example : 

<data DialNowRule=" 99" LineID="1" />  

Where:  

DialNowRule=""  specifies the dial -now rule.  

LineID="" specifies the desired line for this rule.  When you leave it blank or enter 0  or 

enter 1 , this dial -now rule will all apply to acco unt 1. 

 

If you want to change the dial -now rule, s pecify the values within double quotes.  

3. Save the change  and p lace this file to the provisioning server . 

4. Specify the access URL of the  dial -now template . 

Procedure  

Specify the access URL of the dial -now  template using configuration files.  
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Configuration File  <y0000000000xx>.cfg  

Configure the access URL of the  

dial -now  template . 

Parameter : 

dialplan_dialnow.url  

Details of Configuration Parameters:  

Parameter s Permitted  Values  Default  

dialplan_dialnow.url  URL within 511 characters  Blank  

Description : 

Configures the access URL of the  dial -now rule template  file. 

Example : 

dialplan_dialnow.url  = http://192.168.10.25/dialnow.xml  

During the auto provisioning process, the IP phone connects to the provisioning 

server ò192.168.10.25ó, and downloads the dial -now rule  file òdialnow.xml ó. 

Web User Interface:  

None  

Phone User Interface:  

None  

Directory 

The phone directory displays local contacts and all your  Skype for Business contacts . 

You can view contact information on the IP phone . 

Users can access  directory  lists by pressing the Directory  or Dir soft key when the IP 

phone is idle.  The list include s Skype for Business Directory  and  Local Directory . 

Skype for Business Directory 

The Skype for Business directory  on your phone displays all Skype for Business contacts  

on  your  Skype for Business client.  You can view Skype for Business contacts  information 

on the IP phone , but you cannot  add , edit  or delete  Skype for Business contacts  on the 

IP phone . 

To add  contacts via  Skype for Business client : 

1. Enter a  few continuous characters of the contact name or continuous number s of 

the contact number in the Search field . 

The contacts whose name or phone number matches the characters entered will 
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appear in your c ontact s list.  

2. Right  click  the contact , and then click  Add to Contacts List. 

 

3. Select  the desired group . 

The contact is added to the selected group.  

To view Skype for Business contacts  via phone  user interface : 

1. Press the Directory  soft key . 

 

2. Select the desired group (e.g., Favorites, Delegates , Bosses or Other Contacts) of 

Skype for Business directory  and then press the Enter soft key . 
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Skype for Business Favorites 

You can  add  your  Skype for Business contacts  as favorites via your  Skype for Business 

client  only .  

To add contacts as favorites  via Skype for Business client : 

1. Right  click  a contact . 

2. Click Add to Favorites . 

 

To view Skype for Business favorite s via phone  user interface : 

1. Press Directory -> Favorites . 
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In addition,  Skype for Business favorites of SIP -T48G/T46G/T42G/T41P IP phones are also 

displayed on the idle screen by default. Skype for Business favorites of SIP -T40P IP 

phones are displayed in the Skype for Business directory  only.  

Local Directory 

Yealin k IP phones also maintain a local directory. The local  directory can store up to 

1000 contacts . When adding a contact to the local directory, in addition to name and 

phone numbers, you can also specify the ring tone and group for the contact.  

Contacts and groups can be added either one by one or in batch using  a local 

contact  file. Yealink IP phones support both *.xml and *.csv format contact files, but 

only support *.xml format download for loca l contact file.  

Customizing a Local Contact File 

You can  add contacts one by one on the IP phone  directly. You can also add multiple 

contacts at a time and/or share contacts between IP phones using the local contact 

template file. After setup,  place the te mplate file  to the provisioning  server and specify  

the access URL of the template file in the configuration files. The existing local contacts 

on the IP phones will be overridden  by the downloaded local contacts.  

You can ask the distributor or Yealink FAE  for local contact template . You can also 

obtain the local contact template  online: 

http://www.yealink.com/solution _info.aspx?ProductsCateID=1248&cateid=1248&BaseI

nfoCateId=1328&Cate_Id=1248&parentcateid=1328 . For more information on 

obtaining the local contact file, refer to  Obtain ing Configuration  Files and Resource 

Files on page 36. 

The following table lists  meaning of each variable in the local contact template  file: 

Element  Values  Description  

root_group  no  Group listõs root element . 

group  no  Group õs root element. 

display_name  
All Contacts  

Favoritelist  

An element of group. 

Group name . 

ring  

Format of the value : 

System ring tone : 

Auto  

Resource:Silent.wav  

Resource:Splash.wav  

Resource:RingN.wav  (integer 

N ranges from 1 to 8)  

Custom ring tone : 

Custom:Name.wav  

An element of group. 

Group ring tone . 

http://www.yealink.com/solution_info.aspx?ProductsCateID=1248&cateid=1248&BaseInfoCateId=1328&Cate_Id=1248&parentcateid=1328
http://www.yealink.com/solution_info.aspx?ProductsCateID=1248&cateid=1248&BaseInfoCateId=1328&Cate_Id=1248&parentcateid=1328
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Element  Values  Description  

root_contact  no  Contact list õs root element.  

contact  no  Contact õs root element.  

display_name  String 

An element of contact. 

Contact name . 

Note : This value cannot be 

blank or duplicated . 

office_number  String 
Office number of the 

contact.  

mobile_number  String 
Mobile number of the 

contact.  

other_number  String 
Other number of the 

contact.  

address  String Contact õs address.  

line  

Valid Value: -1 or 0 

- -1 stands for Auto (the 

first registered line)  

- 0 stand s for line1  

Since the IP phones only 

support  1 account, so n o 

matter -1 or 0 is selected, 

the contact will all be  

add ed to account 1.  

ring  

Format of the value : 

System ring tone : 

Auto  

Resource:Silent.wav  

Resource:Splash.wav  

Resource:RingN.wav  (integer 

N ranges from 1 to 8)  

Custom ring tone : 

Custom:Name.wav  

An element of contact. 

Contact  ring tone . 

email  String Contact õs email  address . 

title  String Contact õs title.  

priority  

For SIP-T48G IP phones : 

0~32. 

For SIP-T46G IP phones : 

0~27. 

For SIP-T42G/T41P/T40P IP 

phones:  

0~15. 

It is only applicable to local 

favorites. Favorites display 

consecutively, according 

to their priority . The favorite  

with the lowest number 

displays first. 

group_id_name  
Valid Value:  

All Contacts , Favoritelist  
Group name  of  a contact . 

The following shows the  p rocedure of customizing a local contact file for IP phones:  
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To customize  a local contact file : 

1. Open the template file using an ASCII editor . 

2. For each group  that you want  to add , add the following string to the  file. Each 

starts on a separate line:  

<group display_ name= "" ring= ""/>  

3. For each contact  that you want  to add , add the following string to the file. Each 

starts on a separate line:  

<contact display_name="" office_number=" mobile_number="" other_number="" 

address="  " line="" ring="" email="" title=" " priority=" " group_id_name="" />  

4. Specify the values within double  quotes.  

For example : 

<contact display_name="Yealink" office_number="123" mobile_number="234" 

other_number="345" address="china" line=" -1" ring="Auto" email="456@yealink.com" 

title="manager" priority="0" group_id_name="All Contacts" />  

 

5. Save the change  and p lace this file to the provisioning server.  

6. Specify the access URL of the  custom local contact template  in the configuration 

files. 

For example : 

local_contact.data.url = tftp:// 192.168.10.25/ contact .xml 

During the auto provisioning process, the IP pho ne connects to the provisioning 

server ò192.168.10.25ó, and downloads the contact file òcontact .xmló. 

Procedure  

Local directory  can be configure d using the configuration  files or locally . 

Configuration File  <y0000000000xx>.cfg  

Specify the access URL of the  

local contact file  (*.xml ). 

Parameter : 

local_contact.data.url  

Local  Web  User Interface  

Add a new contact to the local 

directory.  

To import or export the local 

contact file.  

Navigate to :  
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http://<phoneIPAddress>/ servlet

?p=contactsbasic&q=load&num

=1&group=  

Phone User Interface  
Add a new contact to the local 

directory.  

Details of the Configuration Parameter:  

Parameter  Permitted Values  Default  

local_contact.data.url  URL within 511 characters  Blank  

Description : 

Configures the access URL of the local contact file  (*.xml) . 

Example : 

local_contact.data.url  = http://192.168.10.25/contact.xml  

Web User Interface:  

Directory ->Local Directory ->Import Local Contact  File 

Phone User Interface:  

None  

To add  a c ontact  to the local directory via web user interface : 

1. Click on Directory ->Local Directory . 

2. In the Contacts block, enter  name , work number , mobile  number, home numbers , 

email, address and title in the corresponding fields.  

3. Select  the desired  ring tone  from  the pull -down list of  Ring Tone. 
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4. Select  All Contacts  from  the pull -down list of  Ring Tone. 

 

5. Click Add  to add the contact.  

To import an XML contact list file  via web user interface:  

1. Click on  Directory ->Local Directory . 

2. Click Browse to  locate a  contact list file ( the file format must be *.xml) from your 

local sy stem.  

 

3. Click Import XML  to import the contact list.  
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The web user interface  prompt s "The original contact will be covered, Continue? ". 

4. Click OK to complete importing the contact list.  

To import a CSV contact list  file  via web user interface:  

1. Click on  Directory ->Local Directory . 

2. Click Browse to locate  a  contact list file ( the file format must be  *.csv) from your 

local sy stem.  

 

3. (Optional.)  Check the Show Title che ckbox.  

It will prevent importing the title of the contact information which is located in the 

first line of the CSV file.  

4. Click Import CSV to import the contact list.  

5. (Optional.) Mark the  On  radio box in the Delete Old Contacts  field.  

It will delete all existing contacts  while  importing the contact list . 

6. Select the contact information you want to import into the local directory  from the 

pull -down list of Index . 

At least one item  should be selected to be imported into the local directory.  

 

7. Click  Import  to complete importing the contact list.  
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To export a contact list via web user interface:  

1. Click on  Directory ->Local Directory . 

2. Click Export XML (or  Export CSV). 

3. Click Save  to save the contact list to your local system.  

To add  a c ontact  to the local directory via phone user interface : 

1. Press Directory ->Local Directory ->All Contacts . 

2. Press the Add  soft key.  

3. Enter  name , address, work number , mobile number , home  number , title  and  email 

in the corresponding fields . 

 

4. Press     or     , or the Switch  soft key  to  select  the desired  ring tone  from  the Ring 

field.  

5. Press the Save  soft key to accept the  change.  

Note  

Local Favorites 

You can add local contacts as  favorites on the IP phone. You can also reorder your 

favorites by assigning the contact a different index number.  

To add  a local favorite  via web user interface : 

1. Click on Directory ->Local Directory . 

2. In the Contacts  block, enter the  contact  name , office, mobile , other numbers , 

Email, address and title in the corresponding fields.  

3. Select  the desired  ring tone  from  the pull -down list of  Ring Tone. 

4. Select the Favorites  group from the pull -down list of Group . 

5. Enter  the index number  in the  Favorite Index  field s.  

  

If the contact name already  exists in the directory, the  LCD screen  will prompt òContact 

name e xisted !ó. 
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Favorites display consecutively, according to their index number s. The contact 

with  the lowest number  displays first.  

 

6. Click Add  to add  the contact.  

To add  a local favorite via phone user interface :  

1. Press Directory ->Local Directory ->Favorites . 

2. Press Add  soft key.  

3. Enter the  contact  name , address , work number , mobile number, home number,  

title and email in the corresponding fields.  

 

4. Press     or     , or the Switch  soft key  to  select  the desired  ring tone  from  the 

Ring field.  

5. Press     or     , or the  Switch  soft key to select the index number  from the Index  

field.  

The contact with the lowest priority number  displays first. For more information on 

the number of priority, refer to priority  on page 143. 
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6. Press the Save  soft key to accept the  change.  

Managing Local Favorites 

Local favorites and Skype for Business favorites of SIP -T48G/T46G/T42G/T41P IP phones 

are displayed on the idle screen.  By default, local favorites are displayed before  the 

Skype for Business favorites.  

You can  configure  whether to display local favorites on the idle screen and  configure  

the  display order  of the local favorites.  This feature is not applicable to SIP -T40P IP 

phones.  

For example: Alex , John , Martin and Mike  are your local favorite s, 2224-cgc , 2228, 80045 

and William are your Skype for Business favorite s.  

For SIP-T48G:  

Local favorite  is indicated by an     icon . The following figure shows a sample 

Favorites list. 

 

When the number of favorite contacts is more than 8, the page switch keys will appear 

on the right side of the Favorites screen . You can tap      or      to turn pages to view  

other favorites .  

  



Configuring Basic Features  

151 

For SIP-T46G: 

Local favorite is indicated by an     icon . The following figure shows a sample 

Favorites list. 

 

When the number of favorite contacts is more than  9, the line key located in the 

bottom right corner of the screen  will be  used to turn pages. Press it to view other 

favorites.  

For SIP-T42G/T41P: 

Local favorite is indicated by an       icon . The following figure shows a sample 

Favorites list.  

 

When the number of  favorite contacts is more than  5, the line key located in the 

bottom right corner of the screen  will be  used to turn pages. Press it to view other 

favorites.  

 

Note  

Procedure  

Local f avorites can be configured using the configuration files or locally.  

Configuration File  <y0000000000xx>.cfg  
Configure  whether to  display 

local favorites on the idle screen.  

Only Skype for Business favorite s have presence  status.  
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Parameter:  

sfb.local_favorite.enable  

Configure  the display order of 

the local favorites on the i dle 

screen . 

Parameter:  

sfb.local_favorite.sort  

Local  Web  User Interface  

Configure  whether to display 

local favorites on the idle screen.  

Configure  the display order of 

the local favorites on the idle 

screen . 

Navigate to :  

http://<phoneIPAddress> /servlet

?p=contacts -settings&q=load  

Details of the Configuration Parameter:  

Parameter  Permitted Values  Default  

sfb.local_favorite.enable  0 or 1 1 

Description : 

Enables or disables the IP phone to display local favorites on the idle screen . 

0-Disabled  

1-Enabled  

If it is set to 0 (Disabled ), only Skype for Business favorites are displayed on the idle 

screen . 

Note : It is only applicable to SIP -T48G/T46G/T42G/T41P IP phones.  

Web User Interface:  

Directory ->Settings->Local Favorite  

Phone User Interface:  

None  

Parameter  Permitted Values  Default  

sfb.local_favorite.sort  1 or 2 1 

Description : 

Configures  the order of the local favorites on the idle screen . 
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Parameter  Permitted Values  Default  

1-Preferential  

2-General  

If it is set to 1 (Preferential ), the  local favorites will be displayed before  the Skype for 

Business favorites on the idle screen . 

If it is set to 2 (General ), the local favorites will be displayed  behind the Skype for 

Business favorites on the idle screen . 

Note : It works only if the value of the parame ter òsfb.local_favorite.enable ó is set to 1 

(Enabled ). And  it is only applicable to SIP -T48G/T46G/T42G/T41P IP phones.  

Web User Interface:  

Directory ->Settings->Local Favorite  

Phone User Interface:  

None  

To configure the display order  of local favorite s via web  user interface:  

1. Click on Directory >Settings . 

2. Select the desired value from the pull -down list  of Local Favorite . 

3. Depending on your selection:  

- If Disabled  is selected,  only Skype for Business favorites are displayed on the 

idle screen.  

- If Preferential  is selected, local favorites w ill be displayed  before the  Skype for 

Business favorites on the idle screen . 

- If General  is selected, the local favorites will be displayed  behind  the  Skype 

for Business favorites  on the idle screen.  

 

4. Click Confirm  to accept  the change.  

Saving Call Log 

Call log contains call information such as remote party identification, time and date, 

and call duration. It can be used to redial previous outgoing calls, return incoming calls, 

and save contact information from call log lists to the  contact directory.  

IP phones maintain a local call log. Call log consists of four lists : Missed Calls , Plac ed 
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Calls, Received Calls, and Forwarded Calls  (Forwarded Calls  are not applicable to 

SIP-T48G IP phones) . Each  call log  list supports up to 100 entries . To store call info rmation, 

you must enable save call log feature in advance.  You can access the call history 

information via phone user interface only.  

Procedure  

Call log can be configured using the configuration files or locally.  

Configuration File  <y0000000000xx>.cfg  

Configure call log feature.  

Parameter:  

features.save_call_history  

Local  

Web  User Interface  

Configure call log feature.  

Navigate to : 

http://<phoneIPAddress>/ servlet

?p=features -general&q=load  

Phone User Interface  Configure call log feature.  

Details of the  Configuration Parameter:  

Parameter  Permitted Values  Default  

features.save_call_history  0 or 1 1 

Description : 

Enables or disables the IP phone to save the call log.  

0-Disabled  

1-Enabled  

If it is set to 0 (Disabled), the IP phone cannot  save  the missed calls , placed calls, 

received calls and the forwarded calls in the call log lists.  

Web User Interface:  

Features ->General Information ->Save Call  Log  

Phone User Interface:  

Menu ->Features ->History Setting ->History Record  

To save  call log feature via web  user interface:  

1. Click on Features ->General Information . 
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2. Select the desired value f rom the pull -down list of Save Call  Log . 

 

3. Click Confirm  to accept  the change.  

To configure call log feature via phone user interface : 

1. Press Menu ->Features ->History Setting . 

2. Press     or     , or the Switch  soft key to select the desired value  from the History 

Record  field.  

3. Press the Save  soft key to accept the change.  

User or administrator can access  call  logs by downloading them to the local system  for 

diagnosis purpose.  

To export the  call logs  via web user interface:  

1. Click on Settings->Configuration . 

2. Click Export  to open file download window , and then save the file to your local 

system. 
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To view the call logs  on your local system : 

1. Open the folder where you save the call logs . 

2. Double -click the call logs file that is in .xml format.  

The following figure  shows a portion of a call logs file:  

 

Missed Call Log 

Missed call log allows the IP phone to display the number of missed calls with an 

indicator icon on the idle screen, and to log missed calls in the Missed Calls list when the 

IP phone misses calls. It is configurable on a per -line basis. Once the user accesses the 

Missed Calls list, the prompt message and indicator icon on the idle screen disappear.  

Procedure  

Missed call log can be configured using the configuration files or locally.  

Configuration File  <MAC> .cfg  

Configure missed call log feature.  

Parameter : 

account. 1.missed_calllog  

Local  Web  User Interface  

Configure missed call log feature.  

Navigate to : 

http://<phoneIPAddress>/ servlet

?p=account -basic&q=load&acc

=0 

Details of the Configuration Parameter:  

Paramete r Permitted Values  Default  

account. 1.missed_calllog  0 or 1 1 

Description : 

Enables or disables the IP phone to  indicate and  record missed call s for the 

account . 

0-Disabled  



Configuring Basic Features  

157 

Paramete r Permitted Values  Default  

1-Enabled  

If it is set to 0 (Disabled), the IP phone does not display indicator on the idle screen 

and log the missed call in the Misse d Calls list when missed calls.  

If it is set to 1 (Enabled), the IP phone displays a message on the idle screen and logs 

the missed call in the Missed Calls list when missed calls.  

Note: It works only if the value of the parameter òfeatures.save_call_historyó is set to 

1 (Enabled).  

Web User Interface:  

Account ->Basic->Missed Call Log  

Phone User Interface:  

None  

To configure missed c all log via web user interface:  

1. Click on Account ->Basic . 

2. Select the desired value from the pull -down list of Missed Call Log . 

 

3. Click Confirm  to accept  the change.  

Dial Search Delay 

Dial search delay  defines a period of delay time before the IP phone s automatically 

displays the search results . It is only applicable  when  search ing contact s on  the dialing 

screen.  

Procedure  

Dial search delay  can be configured using the configuration files or locally.  

Configuration File  <y0000000000xx>.cfg  

Configure dial search delay  

feature.  

Parameter:  
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sfb.search_delay_tim e 

Local  Web  User Interface  

Configure dial search delay  

feature.  

Navigate to : 

http://< phoneIPAddress>/ servlet

?p=features -general&q=load  

Details of the Configuration Parameter:  

Parameter  Permitted Values  Default  

sfb.search_delay_tim e 
Inte ger from 1 to 

10 
1 

Description : 

Configures the delay time (in seconds) for t he IP phone to automatically display t he 

search results on the dialing screen . 

Example : 

sfb.search_delay_tim e = 1 

Web User Interface:  

Features ->General Information ->Dial Search Delay  

Phone User Interface:  

None  

To configure dial search delay  via web  user interface:  

1. Click on Features ->General Information . 

2. Select the desired value f rom the pull -down list of Dial Search Delay . 

 

3. Click Confirm  to accept  the change.  
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Live Dialpad 

Live dialpad allow s IP phone s to automatically dial out the entered phone number 

after a specified period of time . 

Procedure  

Live dialpad can be configured  using the configuration  files or locally . 

Configuration File  <y0000000000xx>.cfg  

Configure live dialpad.  

Parameters:  

phone_setting.predial_autodial  

phone_setting.inter_digit_time  

Local  Web  User Interface  

Configure live dialpad.  

Navigate to : 

http://<phoneIPAddress>/ servlet

?p=settings -preference&q=load  

Details of Configuration Parameters:   

Parameter s Permitted Values  Default  

phone_setting.predial_autodial  0 or 1 0 

Description : 

Enables or disables  live dialpad feature.  

0-Disabled  

1-Enabled  

If it is set to 1 (Enabled), the IP phone will automatically dial  out  the entered phone 

number on  the dialing screen  without pressing a send key . 

Web User Interface:  

Settings->Preference ->Live Dialpad  

Phone User Interface:  

None  

phone_setting.inter_digit_time  
Integer from  1 to 

14 
8 

Description : 

Configure s the delay time (in seconds) for the IP phone  to automatically dial out the 

enter ed digits  without pressing a send key . 

Note : It works only if the value of the parameter  òphone_setting.predial_autodialó is 

set to 1 (Enabled).  
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Parameter s Permitted Values  Default  

Web User Interface:  

None  

Phone User Interface:  

None  

To configure  live dialpad via web user interface:  

1. Click on Settings->Preference . 

2. Select the desired value  from the pull -down list of Live Dialpad . 

 

3. Click Confirm  to accept the change.  

Call Waiting 

Call waiting allows IP phones to receive a new incoming call when there is already an 

active call. The new incoming call is presented to the user visually on the  LCD scree n. 

Call waiting tone allows the IP phone  to play a short tone, to remind the user aud ibly of 

a new incoming call during conversation.  Call waiting tone works only if call waiting is 

enabled.  You can customize call waiting tone or select specialized tone sets (vary from 

country to country)  for your IP phone. For more information, refer to  Tones on page  253. 

Procedure  

Call waiting and call waiting tone can be configur ed using the configuration  files or 

locally . 

Configuration File  <y0000000000xx>.cfg  

Configure  call waiting and call 

waiting tone.  

Parameters:  

call_waiting.enable  

call_waiting.tone  

Local  Web  User Interface  Configure call waiting.  
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Navigate to : 

http://<phoneIPAddress>/servlet

?p=features -general&q=load  

Configure call waiting tone.  

Navigate to : 

http://<phoneIPAddress>/servlet

?p=features -audio&q=load  

Phone User Interface  
Configure call waiting and call 

waiting tone.  

Details of Configuration Parameters:   

Parameter s Permitted Values  Default  

call_waiting.enable  0 or 1 1 

Description : 

Enables or  disables call waiting feature.  

0-Disabled  

1-Enabled  

If it is set to 0 (Disabled), a new incoming call is automatically rejected by the IP 

phone with a busy message while during a call.  

If it is set to 1 (Enabled), the LCD screen will present a new incoming call while during 

a call.  

Web User Interface:  

Features ->General Information ->Call Waiting  

Phone User Interface:  

Menu ->Features ->Call Waiting ->Call Waiting  

call_waiting.tone  0 or 1 1 

Description : 

Enables or disables  the IP phone to play the  call waiting tone when the IP phone 

receives an incoming call during a call . 

0-Disabled  

1-Enabled  

If it is set to 1 (Enabled), the IP phone will perform an audible  indicator when 

receiving a new incoming call during a call.  

Note : It works only if the value of the parameter  òcall_waiting.enableó is set to 1 

(Enabled).  
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Parameter s Permitted Values  Default  

Web User Interface:  

Features ->Audio ->Call Waiting Tone  

Phone User Interface:  

Menu ->Features ->Call Waiting ->Play Tone 

To configure call waiting via web user interface:  

1. Click on Features ->General Information . 

2. Select the desired value from the pull -down list of Call Waiting . 

 

3. Click  Confirm  to accept the change.  

To configure call waiting tone via web user interface:  

1. Click on Features ->Audio . 

2. Select the desired value from the pull -down list of Call Waiting  Tone. 

 

3. Click  Confirm  to accept the change.  

To configure  call waiting  and call waiting tone  via phone user interface:  

1. Press Menu ->Features ->Call Waiting . 

2. Press     or     , or the Switch  soft key to select the desired value  from the  Call 
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Waiting  field.  

3. Press     or     , or the Switch  soft key to select the desired value  from the  Play 

Tone field.  

4. Press the Save  soft key to accept the change.  

Pre Dial Tone 

Pre dial tone allows IP phones to play key tone  in following  situations:  

- Enter phone number s without picking up the handset (applicable to 

SIP-T48G/T46G/T42G/T41P/ T40P IP phones).  

- Tap      (Dial  icon ) to enter the pre -dialing screen, and then enter phone 

numbers  without picking up the handset (only applicable to SIP -T48G IP phones) . 

Procedure  

Pre dial tone can be configured  using the configuration  files or locally . 

Configuration File  <y0000000000xx>.cfg  

Configure  p re dial ton e feature.  

Parameters:  

sfb.pre_dial_tone.enable  

Local  Web  User Interface  

Configure  p re dial ton e feature.  

Navigate to : 

http:// <phoneIPAddress>/servlet

?p=features -audio&q=load  

Details of Configuration Parameters:   

Parameter s Permitted Values  Default  

sfb.pre_dial_tone.enable  0 or 1 0 

Description : 

Enable s or disable s the  IP phone s to play key tone in following  situations : 

For SIP-T48G/T46G/T42G/T41P/T40P IP phones:  

Enter phone number s without picking up the handset . 

For SIP-T48G IP phones:  

Tap      (Dial  icon ) to enter the pre -dialing screen, and then enter phone numbers 

without picking up the handset.  

Web User Interface:  

Features ->Audio ->Pre Dial Tone  

Phone User Interface:  
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Parameter s Permitted Values  Default  

None  

To configure  pre dial tone  via web user interface:  

1. Click on Features ->Audio . 

2. Select  the desired value from  the  pull -down list  of Pre Dial Tone . 

 

3. Click  Confirm  to accept the change.  

Redial Tone 

Redial tone allows IP phones to  continue to play the dial tone after  inputting the preset 

numbers on  the pre -dialing screen . 

Procedure  

Redial tone can be configured  using the configuration  files or locally . 

Configuration File  <y0000000000xx>.cfg  

Configure  redial tone feature.  

Parameters:  

features.redial_tone  

Local  Web  User Interface  

Configure  redial tone feature.  

Navigate to : 

http:// <phoneIPAddress> /servlet

?p=features -audio&q=load  

Details of Configuration Parameters:   

Parameter s Permitted Values  Default  

features.redial_tone  Integer within 6 digits  Blank  
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Parameter s Permitted Values  Default  

Description : 

Configures the IP phone to continue to play the dial tone after  inputting the preset 

numbers on  the pre -dialing screen.  

Example : 

features.redial_tone = 125  

The IP phone will continue to play the dial tone after inputting  ò125ó on  the 

pre -dialing screen.  

If it is left blank, the IP phone will not play the dial  tone after inputting numbers on 

the pre -dialing screen.  

Web User Interface:  

Features ->Audio ->Redial Tone  

Phone User Interface:  

None  

To configure redial  tone via web user interface:  

1. Click on Features ->Audio . 

2. Enter the desired value in the Redial Tone  field . 

 

3. Click  Confirm  to accept the change.  

Ringer Device for Headset 

The IP phone s support either or both speaker and head set ringer devices.  Ringer Device 

for Headset  feature allows users to configure which ringer device to be used when 

receiving  an incoming call. For example, if the ringer device is set to Headset,  ring tone 

will be played through your headset.  

If the ringer device is set to Headset or Headset&Speaker , the headset  should be 

connected to  the IP phone  and the headset mode also should be activated in 

advance.  You can press the HEADSET key to activate the headset mode.  For more 
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information, refer to  the  Yealink phone -specific user guide . 

Procedure  

Ringer device for headset  can be configured  using the configuration  files or locally . 

Configuration File  <y0000000000xx>.cfg  

Configure the ringer device  for 

the IP phone.  

Parameters:  

features.ringer_device.is_use_he

adset  

Local  Web  User Interface  

Configure the ringer device  for 

the IP phone.  

Navigate to : 

http:// <phoneIPAddress> /servlet

?p=features -audio&q=load  

Details of Configuration Parameters:   

Parameter s Permitted Values  Default  

features.ringer_device.is_use_headset  0, 1 or 2 0 

Description : 

Configures the ringer device  for the IP phone.  

0-Use Speaker  

1-Use Headset  

2-Use Headset & Speaker  

If the ringer device is set to Headset or Headset&Speaker, the headset should be 

connected to the IP phone and the headset mode also should be activated in 

advance.  

Web User Interface:  

Features ->Audio ->Ringer Device for Headset  

Phone User Interface:  

None  

To configure ringer device for headset  via web user interface:  

1. Click on  Features ->Audio . 

  

http://www.yealink.com/solution_info.aspx?ProductsCateID=1248&cateid=1248&BaseInfoCateId=1328&Cate_Id=1248&parentcateid=1328
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2. Select the desired value from the pull -down list of Ringer Device for Headset . 

 

3. Click  Confirm  to accept the change.  

Auto Answer 

Auto answer  allows IP phone s to automatically answer an incoming call.  IP phone s will 

not automatically answer the incoming call during a call even if auto answer is enabled .  

Auto answer  is configurable  on a per -line bas is. Auto -Answer delay  defines a  period of 

delay time before the IP phone automatically answers incoming calls.  

Procedure  

Auto answer can be configured using the configuration files or locally.  

Configuration File  

<MAC> .cfg  

Configure auto answer.  

Parameter:  

account. 1.auto_answer  

<y0000000000xx>.cfg  

Specify a period of delay time for 

auto answer.  

Parameter:  

features.auto_answer_delay  

Local  Web User Interface  

Configure auto answer.  

Navigate to : 

http://<phoneIPAddress>/ servlet

?p=account -basic&q=load&acc

=0 

Specify a period of delay time for 

auto answer.  

Navigate to : 

http://<phoneIPAddress> servlet?

p=features -general&q=load  



Microsoft Skype for Business Edition IP Phones Administrator Guide  

168 

Details of Configuration Parameters:   

Parameter s Permitted Values  Default  

account. 1.auto_answer  0 or 1 0 

Description : 

Enable s or disable s auto answer feature  for the account . 

0-Disabled  

1-Enabled  

If it is set to 1 (Enabled), t he IP phone can automatically answer an incoming call . 

Note : The IP phone can not automatically answer the incoming call during a call 

even if auto answer is enabled.  

Web User Interface:  

Account ->Basic->Auto  Answer  

Phone User Interface:  

Menu ->Features ->Auto Answer ->Line 1->Auto Answer  

features.auto_answer_delay  Integer from 1 to 4  1 

Description : 

Configures the delay time (in seconds) before the IP phone  auto matically  answer s 

an incoming call . 

Web User Interface:  

Features ->General Information ->Auto -Answer Delay(1~4s)  

Phone User Interface:  

None  

To configure auto answer via web user interface:  

1. Click on Account ->Basic . 

2. Select the desired value  from the pull -down list of Auto  Answer . 
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3. Click Confirm  to accept  the change.  

To configure a period of delay time for auto answer via web user interface:  

1. Click on  Features ->General Information . 

2. Enter the desired time  in the  Auto -Answer Delay(1~4s)  field.  

 

3. Click Confirm  to accept  the change.  

To configure auto answer  via phone user interface:  

1. Press Menu ->Features ->Auto Answer ->Line 1-> Auto Answer . 

2. Press     or     , or the Switch  soft key to select the desired value from the  Auto 

Answer  field . 

3. Press the Save  soft key to accept the change.  

Always On Line 

Always on line feature  allow IP phones  to maintain  the current status until you manually 

change it . For example, the current status of the IP phone  is Available, if the always 

online feature is enabled, t hen the IP phone  status will stay Available until you manually 

change it.  

Procedure  

Always on line  can be configured using  the configuration  files or locally . 

Configuration File  
<y0000000000xx>.cf

g  

Configure always on line . 

Parameter : 

sfb.always_online.enable  
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Local  Web  User Interface  

Configure always on line.  

Navigate to : 

http:// <phoneIPAddress> /servlet?p=a

ccount -basic&q=load&acc=0  

Details of the Configuration Parameter:  

Parameter  Permitted Values  Default  

sfb.always_online.enable  0 or 1 0 

Description : 

Enables or disables the IP phone to maintain  current status until you manually 

change it.  

0-Disabled  

1-Enabled  

Note : If your phone status is DND before dialing an emergency number, then the IP 

phone  status will be changed to available after the emergency call even if the 

value of this parameter is set to 1 (E nabled ). 

Web User Interface:  

Account ->Basic->Always On Line  

Phone User Interface:  

Menu ->Basic->Always Online  

To configure always on line  via web user interface:  

1̈ Click on Account ->Basic . 

2̈ Select the desired value from the pull -down list of Always On Line . 

 

3̈ Click Confirm  to accept  the change.  

To configure always on line via  phone  user interface:  

1. Press Menu ->Basic ->Always Online . 



Configuring Basic Features  

171 

2. Press     or     , or the Switch  soft key to select the desired value  from the  

Always Online  field.  

3. Press the Save  soft key to accept the change.  

Busy Tone Delay 

Busy tone  is audible to the other party, indicating that the call connection has been 

broken  when one party releases a  call . Busy tone delay can define  a  period of time  

during which the  busy tone is audible . 

Procedure  

Busy tone delay can be configured using  the configuration  files or locally . 

Configuration File  <y0000000000xx>.cfg  

Configure busy tone d elay.  

Parameter : 

features.busy_tone_delay  

Local  Web  User Interface  

Configure busy tone delay.  

Navigate to : 

http://<phoneIPAddress>/ servlet

?p=features -general&q=load  

Details of the Configuration Parameter:  

Parameter  Permitted Values  Default  

features.busy_tone_delay  0, 3 or 5 0 

Description : 

Configures the duration  time (in seconds) for  the  busy tone . 

When one party releases the call, a busy tone is audible to  the other party indicating 

that the call connection breaks.  

0-0s 

3-3s 

5-5s 

If it is set to 3 (3s), a busy tone is audible for 3 seconds on the IP phone.  

Web User Interface:  

Features ->General Information ->Busy Tone Delay (Seconds)  

Phone User Interface:  

None  
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To configure busy tone delay via web user interface:  

1̈ Click on Features ->General Information . 

2̈ Select the desired value from the pull -down list of Busy Tone Delay  (Seconds) . 

 

3̈ Click Confirm  to accept  the change.  

Return Code When Refuse 

Return code when refuse defines the return code and reason of the SIP response 

message for the refused  call. The caller õs phone LCD screen displays the reason 

according to the received return code. Availab le return codes and reasons are : 

 ̧ 404 (Not Found)  

 ̧ 480 (Temporarily Not A vailable ) 

 ̧ 486 (Busy Here)  

 ̧ 603 (Decline)  

Procedure  

Return code for refused call can  be configured  using the configuration  files or locally . 

Configuration File  <y0000000000xx>.cfg  

Specify  the return code and the 

reason of the SIP response 

message when refusing a call.  

Parameter : 

features.normal_refuse_code  

Local  Web  User Interface  

Specify  the return code and the 

reason of the SIP response 

message when refusing a call.  

Navigate to : 

http://<phoneIPAddress>/ servlet

?p=features -general&q=load  
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Details of the Configuration Parameter:  

Parameter  Permitted Values  Default  

features.normal_refuse_code  
404, 480, 486 or 

603 
603 

Description : 

Configures a return code and reason of SIP response messages when the IP phone  

rejects an incoming call. A specific reason is displayed on the caller õs phone LCD 

screen.  

404-Not Found  

480-Temporarily Not A vailable  

486-Busy Here  

603-Decline  

If it is set to 486 (Busy Here), the callerõs phone LCD screen will display the message 

òBusy Hereó when the callee rejects the incoming call. 

Web User Interface:  

Features ->General Information ->Return Code When  Refuse 

Phone User Interface:  

None  

To specify  the return code  and the reason  when refusing a call via web user interface:  

1. Clic k on Features ->General Information . 

2. Select the desired value from the pull -down list of Return Code  When Refuse. 

 

3. Click Confirm  to accept  the change.  

Early Media 

Early media refers to media  (e.g., audio and video)  played to the call er before a SIP 

call is actually established . Current implementation support s early media through the 
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183 message . When the caller receives a 183 message with SDP before the call is 

established , a media channel is established. This channel is used to provide the early 

media stream for the caller.  

180 Ring Workaround 

180 ring workaround defines whether to deal with the 180 message received after the 

183 message. When the caller receives a 183 message, it suppresses any local ringback 

tone and begins to play the media received. 180 ring workaround allows IP phones to 

resume and play the local ringback tone upon a subsequent 180 message  received.  

Procedure  

180 ring workaround can be configured  using the configuration  files or locally . 

Configuration File  <y0000000000xx>.cfg  

Configure 180 ring workaround.  

Parameter : 

phone_setting.is_deal180  

Local  Web  User Interface  

Configure 180 ring workaround.  

Navigate to : 

http://<phoneIPAddress>/ servlet

?p=features -general&q=load  

Details of the Configuration Parameter:  

Parameter  Permitted Values  Default  

phone_setting.is_deal180  0 or 1 0 

Description : 

Enable s or disable s the IP phone to deal with the 180 SIP message received after the 

183 SIP message. 

0-Disabled  

1-Enabled  

If it is set to 1 (Enabled), the IP phone will resume and play the local ringback tone 

upon a subsequent 180 message received.  

Web User Interface:  

Features ->General Information ->180 Ring Workaround  

Phone User Interface:  

None  
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To configure 180 ring workaround  via web user interface:  

1.  Click on Features ->General Information . 

2. Select the desired value from the pull -down list of 180 Ring Workaround . 

 

3. Click Confirm  to accept  the change.  

Call Hold 

Call hold provides a service of placing an active call on hold. When a call is placed on 

hold, the IP phones send an INVITE request wit h HOLD SDP to request remote parties to 

stop sending media and to inform them that  they are being held. IP phones support 

two call hold methods, one is RFC 3264, which sets  the òaó (media attribute) in the SDP 

to sendonly, recvonly or inactive (e.g., a=sen donly) . The other is RFC 2543, which sets  

the òcó (connection addresses for the media streams) in the SDP to zero (e.g., c=0.0.0.0) . 

Call hold tone allows IP phones to play a warning tone at regular intervals when there is  

a call on hold . The warning tone is played through the speakerphone . 

Procedure  

Call hold  can be configur ed using the configuration  files or locally.  

Configuration File  <y0000000000xx>.cfg  

Configure the call hold tone and 

call hold tone delay.  

Parameter s: 

features.play_hold_tone.enable  

features.play_hold_tone.delay  

Local  Web User Interface  

Configure the call hold tone and 

call hold tone delay.  

Navigate to : 

http://<phoneIPAddress>/ servlet

?p=features -general&q=load  
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Details of Configuration Parameters:   

Parameter s Permitted Values  Default  

features.play_hold_tone.enable  0 or 1 1 

Description : 

Enables or disables the IP phone to play a warning tone when there is a c all on hold . 

0-Disabled  

1-Enabled  

Web User Interface:  

Features ->General Information ->Play Hold Tone  

Phone User Interface:  

None  

features.play_hold_tone.delay  Integer from 3 to 3600  30 

Description : 

Configures the interval (in seconds) at which the IP phone play a  warning  tone 

when there is a c all on hold . 

If it is set to 30 (30s), the IP phone will play a warning  tone every 30 seconds when 

there is a call on hold . 

Note: It works only if the value of the parameter  òfeatures.play_hold_tone.enable ó is 

set to 1 (Enabled).  

Web User Interface:  

Features ->General I nformation ->Play Hold Tone Delay  

Phone User Interface:  

None  

To c onfigure call hold tone and call hold tone delay via web user interface:  

1. Click on Features ->General Information . 

2. Select the desired value from the pull -down list of Play Hold  Tone. 
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3. Enter the desired time in the Play Hold  Tone Delay  field.  

 

4. Click Confirm  to accept the change.  

Allow Trans Exist Call 

Allow trans exist call feature allows users to select transfer -to  partyõs call  during multiple 

calls . It is convenient to transfer the active call to another existing call. It is not 

applicable to SIP -T48G/T46G IP phones.  

Procedure  

Allow trans exist call  can be configur ed using the configuration  files or locally.  

Configuration File  <y0000000000xx>.cfg  

Configure  a llow trans exist call . 

Parameter s: 

transfer.multi_call_trans_enable  

Local  Web  User Interface  

Configure  a llow trans exist call . 

Navigate to : 

http:// <phoneIPAddress> /servlet?p=f

eatures -general&q=load  

Details of Configuration Parameters:  

Parameter s Permitted Values  Default  

transfer.multi_call_trans_enable  0 or 1 1 
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Parameter s Permitted Values  Default  

Description : 

Enables or disables the IP phone to select transfer -to party's call (a new call or 

another existing call) during multiple calls when user presses the Tran/Transfer soft 

key or TRAN/TRANSFER key. 

0-Disabled  

1-Enabled  

If it is set to 1 (Enabled), the user can select to transfer the active call to a new call or 

another existing call during multiple calls when the user presses the Tran/Transfer soft 

key or TRAN/TRANSFER key. 

If it is set to 0 (Disabled ), the user can transfer the active call to a new call during 

multiple calls when the user presses the Tran/Transfer soft key or TRAN/TRANSFER key.  

Note : It is not applicable to SIP -T48G/T46G IP phones.  

Web User Interface:  

Features ->General Information ->Allow Trans Exist Call 

Phone User Interface:  

None  

To configure allow trans exist call via web user interface:  

1. Click on Features -> General Information . 
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2. Select the desired value from the pull -down list of  Allow Trans Exist Call . 

 

3. Click Confirm  to accept the change.  

Call Number Filter 

Call number filter  feature allows IP phone to automatically filter designated characters 

when dialing.  

Procedure  

Call number filter  can be configur ed using the configuration  files or locally.  

Configuration File  <y0000000000xx>.cfg  

Configure  the characters the IP 

phone filters when dialing.  

Parameter s: 

features.call_num_filter  

Local  Web  User Interface  

Configure  the characters the IP 

phone filters when dialing.  

Navigate to : 

http:// <phoneIPAddress> /servlet?p=f

eatures -general&q=load  
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Details of Configuration Parameters:  

Parameter s Permitted Values  Default  

features.call_num_filter  String within 99 characters  Blank  

Description : 

Configures the characters the IP phone filters when dialing.  

If the dialed number  contains configured characters, the IP phone will 

automatically filter these characters when dialing.  

Example : 

features.call_num_filter  = % 

If you dial 1010%, the IP phone will filter the  character  % and dial out 1010.  

Note : If it is left bla nk, the IP phone will not automatically filter any characters when 

dialing. If you want to  filter  just a space , you have to set the value to ò ,ó (a space 

first followed by  a comma) . 

Web User Interface:  

Features ->General Information ->Call Number Filter  

Phone User Interface:  

None  

To configure the characters the IP phone will filter  via web user interface:  

1. Click on Features -> General Information . 
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2. Enter the desired character in the  Call Number Filter  field . 

 

3. Click Confirm  to accept the change.  

DTMF 

DTMF (Dual Tone Multi-frequency ), better known as touch -tone , is used for 

telecommunication signaling over analog telephone lines in the voice -frequency band . 

DTMF is the signal sent from the IP phone to the network , which is generated when 

pressing  the IP phoneõs keypad during a call . Each key pressed on the IP phone 

generates one  sinusoidal  tone of two  frequencies . One is generated from a high  

frequency group and the other from a low frequency group.  

The DTMF keypad is laid out in a 4×4 matrix, wit h each row representing a low 

frequency, and each column representing a high frequency. Pressing a digit  key (such 

as '1') will generate  a sinusoidal tone for each of two frequen cies (697 and 1209 hertz 

(Hz)). 

DTMF Keypad Frequencies : 

 1209 Hz 1336 Hz 1447 Hz 1633 Hz 

697 Hz 1 2 3 A 

770 Hz 4 5 6 B 

852 Hz 7 8 9 C 

941 Hz * 0 #  D 
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DTMF digits are transmitted using  the  RTP Event pa c kets that are sent along with  the 

voice path . The RTP Event pa c ket  contains 4 bytes. The 4 bytes are distributed over 

several fields denoted as Event, End bit, R -bit, Volume and Duration.  If the End bit is set 

to 1, the packet contains the end of the DTMF event.  You can configure the sending 

times of the end RTP Event packet.  

Procedure  

Configuration changes can be performed  using the configuration  files or locally.  

Configuration File  <y0000000000xx>.cfg  

Configure the number of  times 

for the IP phone  to send  the end 

RTP Event pa c ket . 

Parameter : 

features.dtmf.repetition  

Local  Web  User Interface  

Configure the number of  times 

for the IP phone  to send  the end 

RTP Event packet.  

Navigate to : 

http://<phoneIPAddress>/ servlet

?p=features -general&q=load  

Details of Configuration Parameters:   

Parameter s Permitted Values  Default  

features.dtmf.repetition  1, 2 or 3 3 

Description : 

Configures the repetition times for the IP phone to send the end RTP E vent  packet  

during an active call . 

Web User Interface:  

Features ->General Information ->DTMF Repetition  

Phone User Interface:  

None  

To configure the number of times to send the end RTP Event packet  via web user 

interface : 

1. Click on Features ->General Information . 
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2. Select the desired value (1 -3) from the pull -down list of DTMF Repetition. 

 

3. Click Confirm  to accept  the change.  

Suppress DTMF Display 

Suppress DTMF d isplay  allows IP phones to suppress the display  of DTMF digits during an 

active call . DTMF digits are displayed as ò*ó on the LCD screen . Suppress DTMF d isplay  

delay  defines whether to display the DTMF digits for a short period of time before 

displaying as ò*ó. 

Procedure  

Configuration changes can be performed  using the configuration  files or locally.  

Configuration File  <y0000000000xx>.cfg  

Configure s uppress DTMF d isplay  

and suppress DTMF d isplay  delay . 

Parameter s: 

features.dtmf.hide  

features.dtmf.hide_delay  

Local  Web  User Interface  

Configure s uppress DTMF d isplay  

and suppress DTMF d isplay  delay . 

Navigate to : 

http://<phoneIPAddress>/ servlet?p

=features -general&q=load  
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Details of Configuration Parameters:   

Parameter s Permitted Values  Default  

features.dtmf.hide  0 or 1 0 

Description : 

Enables or disables the IP phone to suppress the display of DTMF digits  during an 

active call . 

0-Disabled  

1-Enabled  

If it is set to 1 (Enabled), the DTMF digits are displayed as asterisks. 

Web User Interface:  

Features ->General Information ->Suppress DTMF Display  

Phone User Interface:  

None  

features.dtmf.hide_delay  0 or 1 0 

Description : 

Enables or disables the IP phone to display the DTMF digits for a short period before 

displaying  asterisks during an active call . 

0-Disabled  

1-Enabled  

Note: It works only if the value of the parameter  òfeatures.dtmf.hideó is set to 1 

(Enabled) . 

Web User Interface:  

Features ->General Information ->Suppress DTMF Display  Delay  

Phone User Interface:  

None  

To configure suppress  DTMF display  and suppress  DTMF display  delay  via web user 

interface:  

1. Click on Features ->General Information . 

2. Select the desired value from the pull -down list of Suppress DTMF Display . 
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3. Select the desired value from the pull -down list  of Suppress DTMF Display  Delay . 

 

4. Click Confirm  to accept the change . 

Transfer via DTMF 

Call transfer is implemented via DTMF on some traditional  servers. The IP phone sends  

specified DTMF digits to the server for transferring  calls to third parties.  

Procedure  

Configuration changes can be performed using the configuration  files or locally.  

Configuration File  <y0000000000xx>.cfg  

Configure transfer via DTMF . 

Parameter s: 

features.dtmf.replace_tran  

features.dtmf.transfer  

Local  Web  User Interface  

Configure  transfer via DTMF . 

Navigate to : 

http://<phoneIPAddress>/ servl

et?p=features -general&q=load  
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Details of Configuration Parameters:   

Parameter s Permitted Values  Default  

features.dtmf.replace_tran  0 or 1 0 

Description :  

Enables or disables the IP phone to send DTMF sequences for transfer function  when 

pressing the Tran/Transfer soft key or TRAN/TRANSFER key . 

0-Disabled  

1-Enabled  

If it is set to 0 (Disabled), the IP phone will perform the transfer as normal when 

pressing the Tran/Transfer soft key or TRAN/TRANSFER key  during a call.  

If it is set to 1 (Enabled), the IP phone will transmit the designated  DTMF digits to the 

server for  performing  call transfer when pressing  the Tran/Transfer soft key or 

TRAN/TRANSFER key  during a call.  

Web User Interface:  

Features ->General Information ->DTMF Replace Tran  

Phone User Interface:  

None  

features.dtmf.transfer  
String within 32 

characters  
Blank  

Description :  

Configure s the DTMF digits to be transmitted to perform call transfer.  Valid values 

are: 0 -9, *, # and A -D. 

Example : 

features.dtmf.transfer  = 123 

Note: It works only if the value of the parameter  òfeatures.dtmf.replace_tranó is set 

to 1 (Enabled).  

Web User Interface:  

Features ->General Information ->Tran Send DTMF 

Phone User Interface:  

None  

To configure transfer via DTMF via web user interface:  

1. Click on  Features ->General Information . 

2. Select the desired value from the pull -down list of DTMF Replace Tran. 
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3. Enter the specified DTMF digits in the Tran Send DTMF field.  

 

4. Click Confirm  to accept  the change . 

Play Local DTMF Tone 

Play local DTMF tone allows IP phones to play a local DTMF tone during an active call . If 

this feature is enabled, you can hear the DTMF tone when pressing the IP phoneõs 

keypad during a call.  

Procedure  

Configuration changes can be performed using the configuration  files or locally.  

Configuration File  <y0000000000xx>.cfg  

Configure play local DTMF 

tone . 

Parameter s: 

features.play_local_dtmf_tone_

enable  

Local  Web  User Interface  

Configure play local DTMF 

tone . 

Navigate to : 
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http://<phoneIPAddress>/ servl

et?p=features -general&q=load  

Details of Configuration Parameters:   

Parameter s Permitted Values  Default  

features.play_local_dtmf_tone_enable  0 or 1 1 

Description :  

Enables or disables the IP phone to play a  local DTMF tone  during a call . 

0-Disabled  

1-Enabled  

If it is set to 1 (Enabled) , you can hear the DTMF tone when pressing the IP phoneõs 

keypad during a call.  

Web User Interface:  

Features ->General Information ->Play Local DTMF Tone  

Phone User Interface:  

None  

To configure play local DTMF tone  via web user interface:  

1. Click on  Features ->General Information . 

2. Select the desired value from the pull -down list of Play Local DTMF Tone . 

 

3. Click Confirm  to accept  the change . 
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Allow Mute 

You can mute the microphone of the active audio device during an active call, and 

then the other party cannot hear you.  If allow mute feature is disabled, you cannot 

mute an active call.  

Procedure  

Allow mute can be configur ed using the configuration  files or locally.  

Configuration Fi le <y0000000000xx>.cfg  

Configure  allow mute feature.  

Parameter s: 

features.allow_mute  

Local  Web  User Interface  

Configure  allow mute feature.  

Navigate to : 

http:// <phoneIPAddress> /servlet?p=f

eatures -general&q=load  

Details of Configuration Parameters:  

Parameter s Permitted Values  Default  

features.allow_mute  0 or 1 1 

Description : 

Enables or disables the IP phone to mute an active call.  

0-Disabled  

1-Enabled  

Web User Interface:  

Features ->General Information ->Allow Mute  

Phone User Interface:  

None  

To configure allow mute  via web user interface:  

1. Click on Features -> General Information . 
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2. Select the desired value from the pull -down list of  Allow Mute . 

 

3. Click Confirm  to accept the change.  

Voice Mail without PIN 

Generally, users have to  enter a PIN before they access  the voice mail  box. If voice mail 

without PIN feature is enabled , users can  access voice mail  box without entering PIN.  It 

is especially useful for  users who often access mailbox from the IP phone  in a secure  

office . 

Procedure  

Voice mail without PIN can be configured  using the configuration  files. 

Configuration 

File 
<y0000000000xx>.cfg  

Configure voice mail without PIN.  

Parameter s: 

account.1.voice_mail.skin_pin.enable  

Details of Configuration Parameters:   

Parameter s Permitted Values  Default  

account.1.voice_mail.skin_pin.enable  0 or 1 0 
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Parameter s Permitted Values  Default  

Description :  

Enables or disables  the IP phone to access  voice mail  box  without entering PIN. 

0-Disabled  

1-Enabled  

Web User Interface:  

None   

Phone User Interface:  

None  

E911 

E911 (Enhanced 911 ) is a location technology that  enables the called party to identify 

the geographical location of the calling party. For  example, if a caller makes an 

emergency call to E911, the feature extracts the caller's  information for the police 

departme nt to immediately identify the caller's location.  For more information, refer to 

https://technet.microsoft.com/en -us/library/dn951423.aspx . 

The phone  send s the following attributes  to LIS to get  back the location information:  

1. MAC address  

2. IP address 

3. Subnet  

4. SIP URI  

5. Chassis ID / Port ID of L2 switch (This information  is obtained using LLDP)  

During in -band provisioning,  the following have  been sent from the Frontend server to 

the IP phone . 

1. LIS URI  

2. Enhanced Emergency Enabled  

3. Location Required  

4. Emergency Dial String  

5. Emergency Dial Mask  

6. Secondary Location Source  

7. Notify URI  

8. Conf URI 

9. Conf Mode  

  

https://technet.microsoft.com/en-us/library/dn951423.aspx
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Sample : 

ms-subnet: 192.168.1.0.  

<provisionGroup name="locationPolicy" >  

<propertyEntryList >  

<property name="EnhancedEmergencyServicesEnabled" >true</property>  

<property name="LocationPolicyTagID" >user -tagid</property>  

<property name="LocationRequired" >yes</property>  

<property name="UseLocationForE911Only" >true</property>  

<property name="Emerge ncyDialString" >910086</property>  

<property name="EmergencyDialMask" >911;912</property>  

<property 

name="NotificationUri" >sip:7000@yealinkuc.com,sip:80040@yealinkuc.com</property>  

<property name="ConferenceMode" >oneway</property>  

When user d ials an emergency number , the location of the user set in phone and the IP 

phone  number are sent out as a part of INVITE  message.   

Sample:  

INVITE sip:+119@bor-ee.com;user=phone SIP/2.0  

<location -info>  

  <civicAddress xmlns="urn:ietf:params:xml:ns:pidf:geopriv10:civicAddr">  

   <PC>361008</PC>  

   <country>CN</country>  

   <STS /> 

   <PRD /> 

   <HNS /> 

   <POD />  

   <HNO />  

   <RD>Wanghailu</RD>  

   <A3>Xiamen</A3>  

   <A1>Fujian</A1>  

   <NAM />  

   <LOC>63</LOC>  

  </civicAddress>  

 </location -info>  

Note 

E911 Location Tip 

The network administrator configures geographical location on Skype for Business 

Server for  users. After user signs in, the  geographical location is downloaded via in-band  

provisioning.  

If userõs presence status is DND before dialing an emergency number, it will reset to 

Available from DND when a 911 number is dialed.  
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If geographical location is not provisioned by the server  and the  LocationRequired 

property of in -band LocationPolicy is set to ôyesõ or ôdisclaimerõ on the Skype for Business 

Server, a  popup opens in the  phone's LCD enabling users to either ignore the 

notification or edit the location information.  

 

Procedure  

E911 location tip  can be configured  using the configuration  files or locally.  

Configuration 

File 

<y0000000000xx>.cf

g  

Configure E911 location tip . 

Parameter s: 

sfb.E911_location_tip  

Local  Web  User Interface  

Configure E911 location tip.  

Navigate to : 

http:// <phoneIPAddress> /servlet?p=featur

es-general&q=load  

Details of Configuration Parameters:   

Parameter s Permitted Values  Default  

sfb.E911_location_tip  0 or 1 1 

Description :  

Enables or disables  the idle screen to display the notification òLocation is not setó 

when the location of the IP phone  is not set.  

0-Disabled  

1-Enabled  

Web User Interface:  

Features ->General Information ->E911 Location Tip  

Phone User Interface:  

None  

  


































































































































































































































































































































































































