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Summary 
Over the last few years, many multimedia conferencing and 
Voice over Internet Protocol (VoIP) applications have been 
developed due to the use of signaling protocols in providing 
video, audio and text chatting services between at least two 
participants. This paper studies the behavior of the widely 
common signaling protocol; InterAsterisk eXchange Protocol 
(IAX) in terms of the behavior of the signaling and media 
messages, as well as the delay time during call setup, call 
teardown, and media sessions.  
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1. Introduction 

With the appearance of numerous multimedia conferencing 
and Voice over Internet protocols [1,2,3], the decision to 
choose the appropriate protocol to be utilized in such a 
service has become very difficult since each protocol has 
its own privileges which differ from the corresponding 
privileges of the other protocols.  
Choosing IAX protocol to be discussed is due to many 
reasons; IAX is an interesting alternative compared to the 
conventional VoIP protocols. Nowadays, IAX is being 
deployed by service providers for their VoIP service 
offerings (e.g. H.323 and SIP). IAX protocol offers 
significant features that are not provided by other existent 
VoIP signaling protocols. Furthermore, many researchers 
have shown that IAX is slightly better than SIP [4,5], 
H.323 [6], MGCP [7] and RSW [9,10] in terms of quality 
of services.  

2. IAX Protocol 

In 2004, Mark Spencer has created the Inter-Asterisk 
eXchange (IAX) protocol for asterisk that performs VoIP  
signaling [10]. IAX is supported by a few 
other softswitches, (Asterisk Private Branch eXchange) 
PBX systems [11], and softphones [12]. Any type of media 
(Video, audio, and document conferencing) can be 
managed, controlled and transmitted through the Internet 
Protocol (IP) networks based on IAX protocol [13]. IAX2 
is considered to be the current version of IAX. The IAX’s 
first version is obsolete. User Datagram Protocol (UDP) 

[14,15] is the only protocol that is used by either IAX2 or 
IAX as a transport protocol. More specifically, UDP is 
usually used on port 4569 where port 5036 is used by 
IAX1. The same UDP port is used throughout media 
transmission and signaling information sessions. IAX mini 
and full frames are used to carry the media packets during 
the call [16]. 
IAX supports the trunk connections concept for numerous 
calls. The bandwidth usage is reduced when this concept is 
being used because all the protocol overhead is shared by 
two IAX nodes for the whole calls. Over a single link, IAX 
provides multiplexing channels [17,18].  
IAX protocol has three main procedures used for the media 
conferencing between two IAX endpoints, which are call 
setup, media transmission, and call teardown with the steps 
of each procedure. 
Endpoint A Sends NEW packet to the Endpoint B to place 
a call, and wait until receiving ACCEPT packet from 
Endpoints B, After ACCEPT reply, Endpoint A sends 
ACK packet to Endpoint B to acknowledge of receiving 
the ACCEPT packet by Endpoint A. After that, Endpoint B 
rings at Endpoint A by sending RINGING packet, which in 
turn send ACK packet to Endpoint B to inform about 
receiving ACCEPT message. Then, Endpoint B sends 
ANSWER packet to Endpoint A in order to start the call, 
and wait till sending the acknowledgment message (ACK) 
by endpoint A.  
At that time, the audio conferencing is started by 
transferring the audio packets between the two endpoints 
which is carried by the IAX mini and full frames. Once the 
two endpoints complete their call, Endpoint A sends 
HANGUP packets to Endpoint B to end the call, finally 
Endpoint B do reply back by sending acknowledgment 
packet (ACK). 

3. IAX Messages Analysis 

Each control protocol has three types of sessions; 
registration session, call setup and teardown sessions, and 
media data session. In this section each protocol session 
type is presented by number I varies from 1 to 3 as number 
as the session types, so when i=1 means the current 
message is related to the registration session, and same 
when i=2 and 3. In this paper, only the behavior of the 
signaling and media data messages will be discussed.  
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Each one of the aforementioned messages has lists of 
messages type related to a certain session. For example, 
the signaling messages can be either initiate message or 
ringing message or accept message or terminate message. 
IAX signaling message type is presented by number j 
varies from 1 to 8 as number as the signaling messages.  
 

 
As the protocol message type is presented by I, so as an 
example when i=2 and j=5 means the message is related to 
the IAX signaling session which is BUSY. As a result, to 
identify exactly each protocol message belongs to which 
session and what is the message type during that session, 
each IAX message can be presented by I which is the 
number of the session and J which is the number of the 
message inside the session i. 
 
IAX Message Type =                                                  (1)           

 
During the IAX signaling session, if client 1 sends message 
to client 2 (except acknowledgement message), the latest 
should notify client 1 of receiving the message successfully 
before receiving the next message. Otherwise, no message 
has to be sent back to client 1. If the IAX message sent 

from client 1 to client 2 is presented by the function  , 
so the notification message sent back to client 1 is 

presented by the function  . With more details: 

 
As each IAX message is defined by the number of session 
and the number of the message inside the session, 
therefore:  

 
During the call setup, the caller sends an acknowledgement 
message to the callee three times, firstly when the caller is 
informed about the acceptance of the negotiation by the 
callee, secondly when the caller is informed about the 
ringing process by the callee, thirdly when the caller is 
informed that the callee answers the call. Thus, the status 
of the call can be identified by counting the number of the 
acknowledgement messages during the signaling session. 
 

 
 
In media session, j represents the order of a certain media 
message. J varies from 1 to r where 1 represents the order 
of the first IAX message, r is an integer positive number 
represents the order of the last IAX message respectively. 
Assuming that N is the number of messages, so number of 
IAX media messages= (the order of the last media message 
– the order of the first media message) +1. Thus, 
 
     (r – 1) + 1 = r                                                (2) 
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Since the payload of IAX client carried by mini header in 
the media session, by assuming that payload is presented 
by PL, so  
 

                                                                 (3) 

4. IAX Sessions Time Analysis 

In IAX Environment, two main sessions has to be 
considered which are signaling session and media session. 
Signaling session is divided into two sessions; setup 
session and teardown session. The delay time of each 
message is the difference between the message’s sending 
time from client 1 and the message’s receiving time by 
client 2. In order to calculate the time spent to complete 
the call setup session, the time difference between the first 
IAX message’s sent by Client 1 and the last IAX message 
received by client 2 during the setup session should be 

measured. Assuming that T presents the message time,  

presents the sent time of the message, and  presents the 
received time of the message.  
 

                                 (4)                                       

 
                          (5)  

 
As there are four ACK messages during the call, one after 
initiating the call and getting the negotiation acceptance, 
one after the ringing message, one once answering the call, 
and one after terminating the call. Each ACK message has 
different time that the other message, so to differentiate 
between the five messages, each ACK message has to be 
defined by a number q varies from 1 to 3.  
 
ACK =              where      q=1, 2, 3.  

Hence,  
 
         (6)                                               

In order to calculate the time spent to complete the call 
teardown session, the time difference between HANGUP 
message sending time and ACK message arrival time 
should be calculated. 
 

       (7)                                   

                
Hence, 
 

      (8) 
                                            
Similar to the signaling message sending/receiving status, 
the delay time of each media message is the difference 
between its sent and arrival times. 
 

                               (9)                                      

 
In order to calculate the time spent to complete the media 
session, the time difference between HANGUP message 
sending time and ACK message arrival time (once the call 
answered) has to be calculated. 
 

         (10) 
                                                                                

5. Conclusion 

This paper provided a mathematical analysis of the 
behavior of the IAX protocol in terms of the signaling and 
media messages, and the time of each call setup, call 
teardown, and media sessions.  
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