
 
IAD Configuration Guide 

Please Email All Changes or Updates To: mbaker@i2telecom.com 

Happy Calling! 
 

 
General Notes: 
 
VoiceStick™ has 2 “Proxy” servers:  

• sbc1.voicestick.com 
• sbc2.voicestick.com 

 
Ports (UDP) that are supported are: 

• 80 
• 443 
• 1433 
• 5060 
• 5555 
• 8080 
• 15060 
• 51913 
• 55153 
• 57600 
• 59728  

 
Domain / Registrar Domain: MUST be ALL Lowercase 

• i2telecom.com 
 



 
 

 
 
 
 
 
 

 
 
On the Line 1 (or 2) page: 
 
Proxy: i2telecom.com  
NAT mapping Enable: Yes 
NAT Keep Alive Enable: Yes 
NAT Keep Alive Msg: $PING 
Use Outbound Proxy: Yes 
Use OB Proxy In Dialog: no 
Outbound Proxy: sbc1.voicestick.com 
Register: Yes 
Make Call Without Reg: no 
Register Expires: 3600 
User ID: (your VoiceStick™ username - same as phone number) 
Password: (your VoiceStick™ password) 
Preferred Codec: G711u 
Use Preferred Codec: Yes  
SIP PROVISIONING PAGE On the SIP page (advanced mode): 
Use STUN Server: No 

 
DIALING:  
Dial calls normally, for example, if you are calling a New York 
number 1-631-000-0000, 
you would dial, 16310000000 



 
 
 
 
 
 
 
 
 

 



 

 
D-Link DVG-1402S 
 
Proxy: i2telecom.com 
Domain: i2telecom.com 
Initial Unregistration: Disabled 
Register Expires: 3600 
Outbound Proxy: Enabled 
Outbound Proxy: sbc1.voicestick.com 
Outbound Proxy Port: 5060 OR 15060 OR 1433  
Authentication ID: VoiceStick™ DID 1xxxxxxxxxx 
Password: VoiceStick™ Password 



 
Settings for the eyeBeam soft phone 

 
 
 
In Properties, under the Account tab: 
 
Display name: Your Name 
User name: Voicestick DID (including leading 1) 1xxxxxxxxxx 
Password: VoiceStick password 
Authorization user name: Voicestick DID (including leading 1) 
1xxxxxxxxxx 
Domain: i2telecom.com 
Register with domain: check 
Send outbound via: proxy. Address: sbc1.voicestick.com 
 
Leave other settings at their default values, except if needed: 
Under the Topology tab: 
 
STUN Server: Use specified server: sip.xten.com  



 
Cisco ata186 

 

 



 

 

  



 
Telcosystems AC211 

 
Under SIP/Sip 
SIP Server Settings  
IP Address: 206.165.50.116  
Port: 5060  
Domain Name*: i2telecom.com  
Send Registration Request: Yes  
 
Gateway Settings  
Transport: UDP  
User / Phone Num: VoiceStick™ Number i.e. 14045674750 
CallerID Name: VoiceStick™ Number i.e. 14045674750 
Port* 5060 
AEC On  
Authentication User Name: VoiceStick™ Number i.e. 14045674750 
Password: Your Password 
 
*the rest of that page is blank* 
 
Next Page 
SIP/sip extensions 
INVITE Expires Timer value (sec): MUST BE BLANK 
SIP Registration Timer value (sec):Yes set to 45 
Send RTP on 183 Session Progress YES 



 
Special Thanks To: 
 
http://www.voipconfig.com/voicestick_config.htm 
DSL Reports Users: keithpetersen, Test99, gimp55, voiplover 
 
 


