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PRODUCT DESCRIPTION 

 
The Adaptive Digital Technologies ‘Session Initialization Protocol’ (SIP) software is a low memory implementation 
of Internet Standards RFC 3261 (SIP) and RFC 2327 (SDP) for Voice over IP (VoIP) telephones.  SIP has become 
the standard protocol for VoIP  telephones.  It allows you to register your telephone at a globally known server so 
that other VoIP  telephones will know how to get in contact with you.  SIP also allows you to get in touch with 
other VoIP telephones either directly or through a SIP proxy.  You can also use SIP phones, with the aid of a 
bridge, to place calls to standard public switched telephones networks (PSTNs).  
 
Our software performs all of the SIP messaging necessary to: register with a SIP registrar, initiate VoIP calls, and 
accept or reject incoming VoIP calls.  It also performs session parameter negotiation based upon a list of 
acceptable media attributes that you specify at session startup.  Your application only needs to request or 
accept a call and process the media stream.  
 
While Adaptive Digital’s SIP software is written in “C” to be portable to any host processor, our software was 
designed specifically for use within the DSP environment where low memory and MIPS usage is essential. Our 
memory footprint is nearly half that of similar commercially available SIP stacks, and our CPU utilization is totally 
event driven, resulting in no unnecessary context switching that is required by typical polling based 
implementations. For high volume products, the cost savings of using smaller, less expense, memory chips can 
be quite substantial. 
 
Your application’s access to the SIP stack is through five simple API calls and one call-back routine.  API calls are 
issued by your application when it needs to initiate SIP actions such as call initiation or call teardown requests.  
The call-back routine is used when the SIP stack needs to inform your application that there is some action that 
it must take, such as ringing the telephone when an incoming call request is received or notifying the caller that 
the caller on the other phone has hung up. 
 
All SIP processing is performed by a dedicated task.  Most details of the SIP processing, such as registration, 
timeout and retransmission of messages, parsing and validation of incoming SIP messages, are performed 
without any intervention from your application.  The SIP task only requires servicing when some user related 
activity is required. This task is initialized at system startup via an API call. Your system’s configuration 
parameters (local IP address, registrar URI, SIP proxy URI, etc.) are passed into the SIP task at this time.   
 
Often, firewalls prevent SIP from interfacing properly with SIP devices on the far side of wall.  To allow incoming 
SIP and media packets to traverse firewalls, the SIP software can be licensed with the optional STUN software.  
STUN allows the SIP stack to obtain its mapped port and IP address from an externally located STUN server and 
notify the SIP registrar, SIP proxy or SIP end-user of these values.  It should be noted, that the SIP/STUN 
combination only works in traversing full-cone firewalls.  Other types of firewalls need special software, such as a 
SIP proxy, or implementation of the UPnP protocol on the firewall. 
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FEATURES 
 
� Registration 
� Call Initiation 
� Call Acceptance 
� Optional STUN interface 
� Interfaces to application via APIs and call back routine 
� Interfaces to UDP/IP stack via  
� MD5 Authentication 
� SDP  
� Interoperable with Asterisk and Cisco servers 
 

  

 
Strategic member of the 

TI Third Party Network 

 
AVAILABLILITY  
 
ADT SIP is available in “C” format, portable to any host processor. 
 
 
SPECIFICATIONS (Characterized by compiling on TI ‘C55X DSP) 
 
 
All Memory usage is given in decimal units of bytes   

 
 
 
 
 

₪           Last update: 08/06/2007 
 
 
FUNCTION 
 
SipInitialize ()            Configure and start the SIP task. 
 
SipCallRequest ()    Initiate a call. 
 
SipCallTeardown()   Teardown the current call. 
 
SipShutdown()    Stop all SIP processing. 
 
SipCallStatus()    Get current status of call. 
 
 
 

Software Program Memory Data Memory Stack Memory 

SIP 30,758 5574 2176 

SIP + STUN 32258 5574 2176 

CONTACT INFORMATION 

Web:  
Email:  
Tel: 
Fax: 
Address: 
 
 

www.adaptivedigital.com 
information@adaptivedigital.com 
610.825.0182 
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