Key configurations guide 

1. Overview

 This gateway is an Internet based one port voice gateway. It adapts multi voice control protocols and voice compression codec to directly convert analog voice into IP packet for internet transport, thus effectively using the existing bandwidth to provide PSTN quality voice service.

  It supports SIP/IAX2 protocols and also has Bridge and Router model. Therefore, the original analog telephone can dial both IP phone and PSTN, effectively using the existing broadband resources. It is compatible with various IPPBX and VoIP voice gateway to provide broadband IP voice service. 

2. Device Connection 

Connect network adapter of computer with LAN port and set its IP as 192.168.10.xxx or as DHCP mode. Active IE and input 192.168.10.1 with user name admin and password admin to log in WEB configuration interfaces.

General connection diagram:
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Anolog Phone Keypads functions:

Enter  " #*111# " :  Get the WAN IP address of Gateway by voice message

Enter  " #****# " :  Reboot Device; 

Enter  " #*100# " :  Gateway work at Static mode

Enter  " #*101# " :  Gateway work at DHCP mode

Enter  " #*102# " :  Gateway work at PPPoE mode

Enter  " #*103# " :  Gateway work at Bridge mode

Enter  " #*104# " :  Gateway work at Router mode

Enter  " #*222# " :   Get the Number of Gateway by voice message 
3. WEB configurations：

3.1. Log in WEB 
· The IP Phone Web Configuration Menu can be accessed by the following URL: http://Phone-IP-Address. The default LAN IP address is “192.168.10.1” and WAN IP static address is “192.168.1.179”. (If the web login port of the phone is configured as non-80 standard port，then user need to input http://xxx.xxx.xxx.xxx：xxxx/，otherwise the web will show that no server has been found). It will show as follow:  
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3.2 user validation

Login should be effected before configuration.

Admin account: user name and account are both "admin". This user is for administrators only, and can configure system.
Account for guest: user name and password are both "guest". This user can overview the system.
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3.3 Network configuration 
User can view the current network IP linking mode of the system on this page.  

User will be authorized to set the network IP，Gateway and DNS if the system adopts the static linking mode. 

If the system selects DHCP service in the network which is using DHCP service, IP address will be gained dynamically. 

If the system selects PPPOE service in the network which is using the PPPOE service, then the IP address will be gained by the set PPPOE ISP internet and password of the account.  
Note：if IP address has been modified, the web page will no longer respond owing to the modification，so new IP address should be input in the address field now.  
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3.4 VOIP configuration 
3.4.1 Public Sip account configuration.
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Configuration Explanation： 

[image: image6.png]Register Status Registered



show SIP register state；if register successfully, there will show Registered in the square bracket，otherwise show Unregistered； 

[image: image7.png]Register Server Addr  ||sip.mimitel.com



Configure SIP register server IP address； 
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Configure SIP register server signal port； 
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Configure SIP register account（usually it is the same with the port number that configured，some special SIP servers will have different port configurations, then the port configuration needs to be configured to be numbers，here the configuration account can be arbitrary character string）； 
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Configure password of SIP register account； 

[image: image11.png]Local SIP Port 5060



Configure local signal port，the default is 5060（this port will go into effect immediately, the SIP call will use the modified port for communication after modification） 
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Configure expire time of SIP server register，the default is 600 seconds. If the expire time that server requires is more or less than that configured by the phone，the phone can automatically modify it to the recommended time limit and register； 
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Configure detection interval time of the server，if the phone enables SIP detection server function，the phone will detect once for whether the server has response every other detection interval time； 
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Configure enable/disable register； 
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Enable the phone to use protocol edition. When the phone need to communicate with phones which is using SIP1.0 such as CISCO5300 and so on, then it should be configured into RFC2543 to communicate normally. the default is to enable RFC3261； [image: image16.png]DTNF_SIP_INFO v
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DTMF sending mode configuration；three kinds：The above are basic configurations of SIP.  

3.4.2 Advanced（Private） Sip account configuration.

Advanced sip account configuration can be done under “advance” menu. For detailed configuration

, please refer to public sip account configurations. 
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3.4.3 IAX2 account configuration.
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Note: If [image: image19.png]™ I4X2(Default
Protocol)



 was selected, IAX2 protocol will be set as default protocols. Otherwise, SIP protocols will be set as default protocols.  

4. Dial-Peer configurations (how to choose which SIP server for calls)

First of all, please make sure more than two accounts have been well registered. And then come to “dial-peer” configurations:
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 to add rules:
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: “9T” means all dialed numbers which with 9 as the first number will follow this rule.
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: “255.255.255.255” means to use private SIP Sever. (“0.0.0.0” means to use public sip server. If IAX2 protocol has been set as default protocols, configure “destination” as 0.0.0.0 will use public SIP Server of calling)
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: “del” means to delete added prefix matching numbers.
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: “1” means to delete the first one dialed number. (9 will be deleted.)

After configuring above rule, please dial “9” before the wanted dialed numbers if you want to user private SIP Server to call. Direct normal dial will use Public SIP Server if SIP protocol has been set as default protocols. 

Note: Above dial-peer configurations are only for choosing SIP Servers. If IAX2 account has also been placed, we suggest you to set IAX2 protocol as default protocol. But such three accounts can receive calls normally no matter which default protocols has been set.  

5 Save configuration

User can save the current configuration on this page.  
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Note: The device will load default configurations after restart the device if save configuration has not been effected.  

6. Making Call

6.1 Dial PSTN Phone or extension

Pick up the phone or press handfree, dial the wanted number and end it with # key, then the numbers will be sent out for calling. 

6.2 Call Waiting
Pressing the "flash" or hook button during current conversation enables you put an active calling on hold temporarily while a second call is answered or made, press this button again will go back to the previous call.

Precondition: must enable [image: image28.jpg]FEnable Call Waiting



in Advance /Call service

6.3 Call Transfer

There are two ways of SIP call transfer, blind transfer and attend transfer:

6.3.1 Blind transfer:

A calls to B and B answers A, B press flash or hook to hold A and then enters "*+phone number+#".  A hung up when hear busy tone, thus finish blind transfer A to C.

6.3.2 Attend transfer:

A calls B and B answers A. B presses "Flash" or hook will hold A and enters C number to talk with C. Press "*" to finish transferring A to C. ( If found C no answer or on busy, presses "Flash" or “hook” again will get back to talk with A )

Precondition: must enable [image: image29.jpg](%) Enable Call Transfer



in Advance /Call service

6.4 Three-Way Calling

ATA supports three-way (or conference) Calling. That is user could talk to more than one person (up to two) at the same time.
Process: A calls B and B answers A. B presses "Flash" or “hook” to hold A and enters C number to talk with C. B presses "*" to enable three parties calling. ( If found C no answer or on busy, presses "Flash" or hook again will get back to talk with A )

Pro-condition: enable the three functions as below picture.
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Frequently asked questions
· Device has been connected with Network but can not get access.

1、Make sure there is no problem with cable line. Ping to WAN or LAN can be used to make sure whether it is connected to network or not.

2、Make sure the network devices which connected with the device such as router or Hub supports auto adaptor for 10M/100M or not. If it does not support, please connect device with computer by a crossover cable. Log in web to choose correct Ethernet mode.  

3、Check on network configurations. Please re-configure if any mis-configuration found. If DHCP is using, please check on whether DHCP Server in network works normally or not.
4、Check on if any IP conflict happened or not. 

· Network works normally but can not log in WEB configuration through computer.

1、Check on whether IP addresses of computer and device are on the same section or not；

2、Check on whetehr the WEB log in port is 80 or not. If the port is non-80, please log in with “http://ip address: port” such as http://192.168.1.179:8080；

· Can not register on server.

If “SIP(UNregisted)” showed, it means the device failed to log in SIP Server.

1、Check on whether the network works normally or not (Please refer to normal explanation）, configurations are correct or not；

2、Check on the Server’s IP address, Port, User name, Password are correct or not.

3、Check on whether there is any incorrect configuration on Firewall in the LAN or not (whether there is any network communication limitation to the device or not). If there is some limitation, there are two ways for resolvent: (1) let network administer remove limitation to device (This device can avoid virus attacking) (2) please try to exit firewall if correct network parameters of the device can not be get. 

4、Check on the network connection circumstances with device and SIP server. If the circumstance is very bad, please inspect the local network or contact with ISP.

5、If problems still can not be solved through above means, please contact device manufacturer for details.

· Communication broken happened during calling.

1、Check on whether this is caused by mis-operation or not.

2、Make sure there is enough money in the account. 

3、Make sure there is no interfere caused by Fax machine or phone busy tone.

4、Make sure network devices in the LAN works normally. Restart Gateway or router can be tried.

5、Broken happened to SIP Server Log in. If this is caused by local network, please connect with ISP; if this is caused by calling center, please contact SIP Service Provider.

· Can not place normal call (can not hear the other party’s voice or voice quality is too bad)

1、Check on correct coding rule has been selected

2、Check on the quality of analog phone. Better analog phone is preferred.  

3、Check on whether the earthing measures to device power source work normally or not.  
4、Check on whether network circumstances between the device and SIP Server is good or not.(Please refer to formal explanation for details)

· How to default the Password setting if i have changed the pasward but forget what i have changed.

    If modified password of admin forgotten, please power off the device. And connect the device LAN port             with computer. Computer IP address should be changed to 192.168.10.×× or set as DHCP mode. All configurations can be cleared by “telnet 192.168.10.1” from LAN port.  Please be noticed that“Telnet 192.168.10.1” must be done within 5 seconds after power on the device.  

After the aforesaid network and VoIP configurations have been configured on the phone and internetwork communication has been implemented，the user can make VoIP calls by the calling register and proxy.


Some ISP internet may inhibit the phone to register and cancel the register in succession, so user had better not apply or register and cancel soon in succession and submit registration repeatedly. Server may stop response of dialogue machine, then the phone receives no certification of register/cancel login request and registration state will show as incorrect!











