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Abstract
Gateways handle many functions in todays telecommunication networks and as the 
move towards IP-based telecommunication networks continue, their importance is 
growing. Many vendors offer a tiered architecture where logic is separated from the 
gateways  for  easy  extensibility.  Currently  gateway  control  and  gateway 
communication is handled using the H.248 protocol. As more and more equipment 
starts moving over to SIP based communication there has been a degree of interest 
in homogenizing the system and possibly replacing the H.248 protocol with a SIP 
based protocol.

In this paper we examine how the communication between a gateway controller 
and gateway may look if implemented in SIP. We also examine the performance 
characteristics  of  the  proposed  protocol  from  both  an  execution  time, 
communication  size  and  memory  consumption  perspective.  Implementation  and 
tests will be performed using a language, developed by Ericsson specifically for the 
telecommunication  sector,  called  Erlang.  The  protocol  designed  herein  is  not 
intended  for  production  use  and  is  only  examined  for  viability.  It  is  NOT the 
official stance of Ericsson that H.248 will be replaced with the protocol or any like 
it.
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Conceptualizing SIP Based Gateway Control

 1 Introduction
 1.1 Background
In  the  IMS  based  systems  today  the  media  gateway  functionality  is  currently 
usually divided into two parts; the controller system handling the network signaling 
and the media gateway supplying the media functions.

Much of the signaling in an IMS based network is done using SIP, except for the 
controller and gateway communication which uses H.248. Today more and more 
functionality  is  being  moved  over  to  using  SIP  based  signaling.  However  the 
industry interest in using SIP as a H.248 replacement seems low although there are 
certain  benefits  such  as  flexibility  and a  homogeneous  system communications 
architecture.

Ericsson has expressed interest in investigating if SIP could be used in place of 
H.248  and  if  possible  how  such  a  replacement  may  look.  If  another  large 
telecommunication entity is currently working on a standard that standard should 
be investigated and if suitable it should be implemented and tested. We call the 
resulting protocol SIGACO, short for for SIP Gateway Control Protocol.

 1.2 Problem statement
Our question lies in how to do communication between a gateway controller and 
one or more gateways using SIP instead of H.248, which is the communication 
protocol used today. We will examine whether this is possible at all and if so how 
well the implementation of such a protocol would work on the theoretical level. 
The  work  will  result  in  a  implemented  prototype  written  in  Erlang  which  is  a 
language developed by Ericsson and a measurement of various characteristics of 
the implementation and then a comparison between the new protocol and H.248 in 
order  to  facilitate  decisions  regarding  replacement  of  H.248  with  a  SIP  based 
protocol.  The  prototype  will  involve  a  test  controller,  controlling  an 
MGW/AGW/MP using SIP.

 1.3 Research approach
The  following  research  approach  was  taken  in  order  to  address  the  problem 
statement above.

● Study of different kinds of related reports. 

We had little to no knowledge about the subject and started to read different 
kinds of Request For Comments (RFC) documents and also other kinds of 
reports. Some of them were standards and some of them where not. The 
focus was on how the IP multimedia subsystem was designed and how SIP 
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and H.248 protocol were used. We also tried to find reports more related to 
our  specific  problem  statement  and  if  someone  else  had  researched  or 
solved the problem already.

● Protocol design

During this phase we had discussions of how the protocol based on SIP 
should look like and what functionality we should support. Everything that 
we considered supporting was compared to how long time that functionality 
would take to implement. This was done since the implementation phase 
was a minor part of this project and the main interest was in investigating 
the characteristics of the designed protocol.

● Protocol implementation in Erlang

We  had  no  previous  experience  or  knowledge  of  the  functional 
programming language Erlang so we spent some time getting to know the 
language a bit. We discussed how the simulated environment should look 
like and the different parts that had to be implemented.

● Simulations and benchmarking

Different kinds of simulation and benchmarking to get information to prove 
the concept.

● Evaluation and conclusions

Finally we evaluated and tried to interpret the characteristics we identified 
in an attempt to understand the viability of the protocol we had designed. 
The evaluation was done by comparing our SIGACO enabled software with 
already existing implementations of H.248 aware software.

 2 Related work
There are established standards in the field and also for the specific layer looked at 
in this paper. Therefore the number of similar papers is fairly small since there is no 
real  dispute  regarding what  protocol  should  be used.  One may reason that  one 
major reason for that may be that the existing H.248 standard seems sufficient so 
far.

The closest form of related work are SIP based extensions, which are related but 
not  necessarily  closely.  As  for  specifically  replacing  the  H.248  communication 
between  gateways  and  gateway  controllers  the  interest  seems  small,  possibly 
because  it  would  violate  the  IMS  standard  which  dictates  H.248  based 
communication between the MGCF and MGW [3GPPNA].

 2.1 VXML
VXML stands for Voice Extensible Markup Language and is a XML [XML] based 
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voice interaction W3C recommendation [VXML]. It is used to deliver interactable 
applications over voice links. The goal is to be able to provide these interactable 
applications using synthesized speech, speech recognition,  classic key input and 
other  means  of  communication.  Lately  work  has  been  done  towards  extending 
VXML so that it may provide interactive visual content as well as audio content.

The architecture used for providing services consist of a document server, a VXML 
interpreter  and  an  implementation  platform  [VXML].  The  document  server 
provides the VXML script to the VXML interpreter, often over a HTTP [RFC2616] 
link. The interpreter then takes the script and executes it. The execution results in a 
number of commands having to be passed to the implementation platform. The 
implementation platform is responsible for delivering the actual content to the user 
agent often via a RTP [RFC3550] link. When the user interacts with the service the 
responses are sent back via the Implementation server to the interpreter who then 
consults the VXML script in order to know how to react to stimuli.

VXML provides several advantages and similarities to the way the world wide web 
works, it also suffers from some of the disadvantages such as the protocol being 
fairly expressive and hard to process. The advantages includes the ability to use 
already widely deployed web servers and dynamic web languages to generate the 
scripts.

In  VXML it  is  possible  to  link several  scripts  together  and in  that  way define 
transitions that need to be fetched by the interpreter from the document server. This 
mimics much of the way HTML [HTML] applications work. A linked set of scripts 
is referred to as an application [VXML].

In order to reduce the load on the document server the interpreter must implement a 
caching scheme in the same way as supported by the HTTP protocol. Adhering to 
the  HTTP caching  rules  is  a  requirement  of  the  VXML standard.  This  is  also 
further  extended  via  a  pre-fetching  mechanism  where  the  interpreter  may  get 
resources  from the  document  server  before  the  user  agent  takes  an  action  that 
requires them. Pre-fetching is controlled on a per-element basis via the “prefetch” 
property. Pre-fetching reduces latency from user input to system response.

For  clarity  we  will  examine  a  VXML  example  presented  in  the  W3C 
recommendation:
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<?xml version="1.0" encoding="UTF-8"?>

<vxml version="2.0" xmlns="http://www.w3.org/2001/vxml" 

xmlns:xsi="http://www.w3.org/2001/XMLSchema-instance" 

xsi:schemaLocation="http://www.w3.org/2001/vxml 

http://www.w3.org/TR/voicexml20/vxml.xsd">

<form id="getssn"> 

<var name="firstname"/> 

<var name="lastname"/> 

<field name="ssn"> 

<grammar src="http://grammarlib/ssn.grxml" 
     type="application/srgs+xml"/>

<prompt>

Please say Social Security number.

</prompt> 

<filled> 

<if cond="validssn(firstname,lastname,ssn)"> 

<assign name="status" expr="true"/> 

<return namelist="status ssn"/> 

<else/> 

<assign name="status" expr="false"/> 

<return namelist="status"/> 

</if> 

</filled> 

</field> 

</form>

</vxml>

First  the  file  defines  a  standard  XML  header  with  version  information  and 
encoding.  VXML  supports  all  languages  supported  by  the  UTF-8  [RFC3629] 
standard.  The  practicality  of  providing  support  for  a  substantial  number  of 
languages on the implementation platform is fairly low but it allows for extensive 
support of local markets.

On the second line there is a VXML schema definition, which defines which tags 
are to be used and how. Following it is the definition of a form which is basically a 
set of inputs. Forms are the main constructs of dialogs.

The “var” tags specify which variables to pass to the sub-dialog. After this you 
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have the definition of the main input field “ssn”. This is followed by the definition 
of the grammar of the input that is acceptable for the “ssn” field. The grammar is a 
file in SRGS  [SRGS] notation. SRGS is a XML or ABNF grammar for dealing 
with speech.

This is followed by a “filled” tag which defines the actions to take when the fields 
have  been  successfully  filled  in.  The  “filled”  tag  is  followed  by  a  conditional 
statement defining statements only to be executed if the “ssn” field and “lastname” 
and “firstname” parameters collectively form a valid social security number. If the 
values are valid it assigns the value “true” to the variable “namelist” and returns the 
“status” and “ssn” variables.  In the case of an invalid social  security number it 
assigns the value “false” to to the variable “namelist” and returns it.

 2.2 SIP/VXML
The VXML interpreter runs within an interpreter context. This context provides the 
actual means of fetching VXML documents, sending and receiving of user agent 
actions and events. The interpreter context can use many means of signaling but 
H.248 is currently the most popular solution. However there are other means of 
doing this and we will look at using SIP. Using SIP for the signaling function does 
homogenize the protocols of the communication as the document server is usually 
contacted via HTTP and SIP is heavily based on the HTTP protocol.

Scripts in a SIP based VXML environment are initiated be the INVITE request in 
SIP  [SIPVXML]. The SIP request URI specifies the service that the user agents 
wants to access. This URI has a very specific format and the draft  [SIPVXML] 
gives two examples of requesting dialogs from an application server

1. sip:dialog.vxml.http%3a//dialogs.server.com/script32.vxml@v
xmlservers.com

2. sip:dialog.vxml@vxmlservers.com

In the first case the dialog specified is strictly specified with a server and path on 
that  server.  This  script  is  then  fetched  and executed  by  the  “vxmlservers.com” 
server. The second case is much more abstract and simply requests a dialog from a 
specific server. The absolute path of the script is undefined and is decided by the 
application server.

VXML and SIGACO operate on somewhat same level in that there are commands 
sent by, or requested from, a master and which are then carried out by a slave that 
does  not  necessarily need to be intelligent.  Thereby allowing for  effective load 
distribution.  It  also  shows  that  XML  is  and  can  be  used  for  communicating 
complex command sequences.
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 2.3 SIP SUBSCRIBE extension
The SIP SUBSCRIBE message is a custom SIP request described in RFC 3265 
[RFC3265]. It is also an extension this protocol depends on. It describes a method 
for which a user agent may request to be notified of various events and changes in a 
remote system or user agent. It is not intended for rapidly happening events. 

The extension purpose itself is fairly easy; a user agent may want to be notified of 
events and changes at a remote end point and sends a SUBSCRIBE request, the 
remote  end  point  then  confirms  the  subscription  and  sends  NOTIFY messages 
whenever the event is triggered.

Currently  the body of  NOTIFY requests  is  commonly a  form of XML using a 
custom scheme as can be seen in the standards  track for  the SIP extension for 
partial notification of presence information [SIMPLEWG],  the standards track for 
indicating changes in XCAP resources [SIMPLE] and the standard track for event 
notification for resource lists  [ENRL]. There is apparently extensive work being 
done towards using XML in the body of SIP requests in order to transport large 
volumes of information that does not fit into the headers.

While the relationship to SIGACO is fairly weak it shows that others who have 
extended  SIP  and  managed  to  get  it  accepted  as  a  standard  have  chosen  a 
homogeneous method and therefore goes to prove that SIGACO is based on sound 
and widely accepted concepts and methods in the SIP community.  

 3 Theoretical background
 3.1 IMS
IP  Multimedia  Subsystem  (IMS)  is  a  standardized  networking  architecture  for 
offering multimedia services including Voice over IP (VoIP).  The standard was 
first  specified by The Third Generation Partnership Project  (3GPP)  [EI04].  The 
Third Generation Partnership Project 2 (3GPP2) which is another organization has 
also developed their own IMS standard, quite similar but with some differences. 
IMS  defines  a  IP  based  structure  that  merges  different  video,  voice,  data  and 
mobile  network  technology.  The  main  idea  of  IMS is  to  fill  the  gap  between 
cellular and Internet technology and to give cellular access to all the services that 
the Internet provides [IBM06].

 3.1.1 Background
The Internet has grown dramatically in the last years and has become a worldwide 
network. The main reason lies in many useful services that millions of users like 
such  as  World  Wide  Web (WWW),  email,  VoIP,  instant  messaging  and  many 
more. The open protocol approach, where protocols are available on the web has 
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made this possible. On the cellular telephone networks side some services are used 
a  lot,  such  as  SMS,  but  the  main  strength  is  that  users  have  coverage  almost 
everywhere. The goal with The Third Generation (3G) networks is to merge these 
two successful  communication  strategies,  the  Internet  and the  cellular  network. 
IMS is a key element in the 3G networks architecture [GC06].

 3.1.2 Why IMS?
Merging the  Internet  and the  cellular  networks  means  dealing  with  the  packet-
switched domain and the circuit-switched domain which both exists in 3G networks 
[GC06]. The circuit-switched domain has been in use since the beginning of the 
telephone  era  and  has  been  the  dominant  technology  for  both  voice  and  data 
communications.  Circuit-switched  means  that  there  is  a  dedicated  connected 
sequence of links between nodes in the network. On each physical link, a channel is 
dedicated to the connection. Channel capacity is dedicated for the duration of a 
connection, even if no data is being transferred, therefore circuit-switching can be 
rather  inefficient.  The  packet-switched  domain  provides  more  efficient 
communication  especially  when  transferring  data  instead  of  voice.  In  packet-
switching networks the data is broken up into packets where each packet consist of 
a portion of the data. Every packet is then transferred, but does not need to take the 
same  path  through  the  network.  Every  packet  also  has  a  piece  of  control 
information so that the other end can put the packets together in the right order 
depending on how they arrived. [WS05]

IMS has some benefits over the existing cellular network and that is the reason why 
IMS exist [GC06].

● One issue  with  a  packet-switched   domain  is  that  it  does  not  offer  any 
guarantees about the bandwidth or packet delay a user gets for a specific 
connection.  That  makes  it  hard  to  handle  QoS.  The  IMS  architecture 
provides the needed predictability.

● The  cost  of  developing  and  deploying  new  services  is  a  big  issue  for 
developers.  The standardized network IMS provides, helps to reduce this 
time  to  market.  Standardized  interface  and  common  features  enable 
providers to develop services and adopt interfaces and reuse components 
provided by third party. 

● The ability to charge multimedia sessions appropriately is another benefit 
that the IMS architecture has.

 3.1.3 Architecture
IMS has a layered architecture and 3GPP does not standardize nodes, instead they 
standardize  functions  in  the  architecture.  Implementers  are  free  to  combine 
functions into a single node and they can also split a function into several nodes. 
IMS is then a  collection of functions linked together by standardized interfaces 
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[GC06]. Illustration 1, page 19 shows a simplified view of the architecture in IMS.

The architecture can be roughly divided into following layers [EI04].

● Service layer

The service/application layer holds application servers (AS) which is a 
Session Initiation Protocol (SIP) entity that handles and executes services.

● Control layer

The control layer consist of servers managing calls and session set-ups, but 
also  help  with  functions  for  charging,  operation  &  management  and 
provisioning.  The  most  essential  function  is  the  Call  Session  Control 
Function  (CSCF)  which  is  a  SIP  server.  This  function  processes  SIP 
signaling in the IMS and determines whether a SIP message should visit one 
or more application servers on the route towards the final destination. Home 
Subscriber  Server  (HSS)  is  a  central  repository  that  holds  user  related 
information  such  as  location  information,  security  information  and  user 
profile  information.  The  media  resource  function  (MRF)  takes  care  of 
playing  announcements,  mixing  media  streams,  trans-coding  between 
different codecs and any other sort of media analysis.  The MRF is often 
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located  in  the  home  network.  The  Public  Switched  Telephony  Network 
(PSTN)  gateway  provides  an  interface  towards  a  circuit-switched 
network.[GC06]

● Connectivity layer

The connectivity layer  consists of routers and switches for the backbone 
system and also for the access network [EI04].

The IMS architecture can also be divided into a signaling plane and a media plane 
view.

 3.1.4 PSTN gateway interface
Media Gateway Control Function (MGCF) also called Media Gateway Controller 
(MGC)  is the central node in the PSTN interface and can be seen in illustration 2, 
page  21.  MGCF  controls  the  resources  in  the  Media  Gateway  (MGW)  and 
implements a state machine that does protocol conversion. The MGW interfaces the 
media planes of the PSTN. In this case the MGW is able to send and receive IMS 
media using Real Time Protocol (RTP) on one side and on the other side it uses 
Pulse Code Modulation (PCM) time slots to connect to the PSTN network. The 
MGW also  does  trans-coding  when  two  nodes  do  not  share  a  common  codec 
[GC06].

9
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3.1.5 MRF
The  Media  Resource  Function  (MRF)  is  also  called  Media  server  (MS)  and 
provides different functionality, some are listed and described below [RFC 4240].

● Announcement

Announcement could be static media files played for the user. It can also be 
media  streams/files  generated  in  real-time,  multimedia  objects  or  some 
combination.

● Conference

Conference  means  initiating  a  media  mixing session  with different  RTP 
streams, so that several users can be connected to the same call. There are 
also something called enhanced conference with functionality such as mute, 
subconference, floor control, gain control and more.

● Prompt and collect

Prompt and collect is a way of interacting with the user, for example asking 
for the users personal number. Then next step would then be to collect and 
save this number for further processing. 

The MRF can be divided into a Media Resource Function Controller (MRFC) and a 
Media Resource Function Processor (MRFP). The MRFC is a signaling node and 
acts as a SIP User Agent with a SIP interface towards the CSCF. The MRFP is a 
media plane node with a H.248 interface towards the MRFC as seen in illustration 
3, page 22.

10
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3.1.6 Protocols
The  main  protocol  in  IMS is  SIP  defined  by  Internet  Engineering  Task  Force 
(IETF). SIP was chosen mainly because it makes it easy to create new services but 
also because SIP is based on Hypertext Transfer Protocol (HTTP) which allows the 
developers to use all the service frameworks developed for HTTP. Example of that 
is Java servlets and the Common Gateway Interface (CGI) [GC06].

Another protocol used is H.248 for the communication between signaling nodes 
and control  nodes  in the media  plane,  in  illustration  2,  page  21,  that  would be 
between  the  MGCF  and  the  MGW.  Other  protocols  in  IMS  are  Diameter  for 
authentication,  authorization  and  accounting  and  also  RTP  and  RTCP  for 
transporting real-time media such as video and audio, and many more [GC06].

 3.2 SDP
Session description protocol (SDP) is a way of describing multimedia sessions. It is 
a  standard  approach  to  include  the  SDP  information  as  a  body  in  certain  SIP 
requests. The description is textual and specify the following things in a session. 

● Session name and purpose

● Time the session is active

● Media information

● Information about how to receive those media such as addresses and ports

The media information contains specific parameters such as,

● type of media (audio, video, etc)

● what transport protocol to use (RTP/UDP/IP, etc)

● the format of the media (H.261 video, MPEG video, etc)

11
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There  are  of  course  many  more  parameters  than  those  mentioned  to  specify  a 
session. Other useful parameters are bandwidth, encryption keys and so on  [RFC
2327].

 3.2.1 SDP format
The SDP consists of lines of text on the form <type> = <value> where <type> is 
case significant and always one character long. The <value>  is a case significant 
text string if not specified otherwise,  and the format of the text depends on the 
<type>. The description can be divided into session level parameters and media 
level parameters. The session level contains detail applied to the whole session and 
all  of  its  media  streams,  the  media  level  on  the  other  hand  only  holds  detail 
regarding that single media stream. The obligatory parameters are presented here 
except for the <type> 'a' which is stated here because it is used in an example later.

 3.2.1.1 Session level parameters

Parameter v
Protocol version.

Parameter o
Owner/creator and session identifier. On the form:

<user name> <session id> <version> <network type> <address type> 
<address>

Parameter s
Session name.

Parameter c
Connection information, not required if included in all media.  Should be on the 
form:

 <network type> <address type> <address>

Parameter t
Time the session is active. On the form:

12



Conceptualizing SIP Based Gateway Control

<start time> <stop time>

 3.2.1.2 Media level parameters

Parameter m
Media name and transport address. Should be on the form.

<media> <port> <transport> <media formats>

Parameter c
Connection information. Optional if stated in the session level section.

Parameter a
Zero or more media attribute lines.

 3.2.1.3 Example
A SDP consists of one session level section and optionally multiple media level 
sections, meaning that you can specify different types of media in the same session. 
Every new media level section starts with a 'm= ...' line. The following lines shows 
an example of a SDP where you want to send audio and video to the same address 
but with different communication ports.

v = 0

o = Kalle 2890844526 2890842807 IN IP4 126.16.64.4

s = Let's communicate

c = IN IP4 10.118.10.1

t = 0 0 (means that the session is permanent) 

m = audio 10000 RTP/AVP 0

a = sendrecv (Send and receive)

m = video 10001 RTP/AVP 31

a = sendrecv

In  [RFC 2327] you get the complete list of parameters that are used in SDP and 
also a deeper explanation of how these can be used. One important thing is that the 
parameters must appear in the right order. This enhances error detection and the use 
of a simple parser.

 3.2.2 Offer/answer model in SDP
SDP allows unicast sessions but were originally designed for multicast sessions. In 

13



Conceptualizing SIP Based Gateway Control

multicast there is a global view of the session used by all involved. In unicast there 
are two participants and they need to exchange information to get a complete view 
of the session. They also need to agree on which parameters to use, for example, 
they need to find an overlapping set of codecs supported by both participants. The 
SDP does not have the semantics for accomplishing this. 

The offer/answer model is used so that the participants can agree on a common 
view of the media session and is especially useful when information is needed from 
both of the participants for a complete view. This mechanism assumes that there is 
a higher protocol, for example SIP, controlling the exchange of SDP for session 
establishment. First one of the participant generates an offer and the offer is a SDP 
package. The other participant can then choose to generate an answer or to reject 
the offer. If the receiving participant rejects the offer the session will go back to the 
previous  state,  which  might  even  be  a  state  where  there  are  no  sessions.  The 
participants  can always  generate  a new offer at  any time but only if  they have 
received  an answer  on a  previous  offer  or  if  they have answered or  rejected  a 
received offer [RFC3264].

 3.3 SIP
The  Session  Initiation  Protocol  is  a  text-based  lightweight  application-layer 
protocol  for  establishing,  modifying  and  terminating  multimedia  sessions.  A 
session  means  exchanging  data  between  participants  and  they  can  be  located 
anywhere and even moving around between endpoints having multiple names. As 
we wrote earlier SIP was originally developed within the SIP working group in the 
IETF. SIP can not be seen as a vertically communication system but instead it can 
be used with other IETF protocols to build a complete multimedia architecture. SIP 
gives the primitives used to implement services but it does not provide services 
[RFC3261].

 3.3.1 Message flow
Illustration 4, page 19, shows a schematic view of what entities are involved in a 
“call” situation. The messages are being routed from Kim's SIP phone to Peter's 
laptop at work. The main purpose of SIP is to deliver a description to a user at their 
current  location.  In  this  example  Peter  can  always  be  reached  at 
sip:Peter@ericsson.com and this is his public Uniform Resource Identifier (URI) 
known as Address of Record (AoR). In this case Peter has logged in at work with 
his laptop and his SIP URI is then sip:Peter@laptop666.ericsson.com. The domain 
ericsson.com has a SIP Registrar which is a logical entity, where Peter's public URI 
is mapped to his current laptop URI at work. Peter can have multiple URI's mapped 
to his public URI and there can also be constraints on, for example what URI Peter 
can be reached at depending on the time of day.

14



Conceptualizing SIP Based Gateway Control

SIP is  based on a  request/response transaction model  like  HTTP.  A transaction 
consists of a request involving a particular method or function and also at least one 
response. The message flow can be seen in illustration 5, page 27 [RFC3261]. 
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i. Kim's  SIP  phone  sends  a  INVITE  (1)  which  goes  to  the  domain 
bahamas.com. 

ii. bahamas.com is a SIP proxy server and receives SIP requests and forwards 
them (2),  it  also sends  a  trying  (3)  to  indicate  that  the request  is  under 
processing. Every proxy adds a additional via header field value containing 
its own address.

iii. The ericsson.com proxy also receives the SIP request, sends a trying (5) and 
adds  an  additional  “via”  header  before  forwarding  it  (4).  The  INVITE 
request holds a SDP body containing the description of the session.

iv. A response in SIP consists of a three-digit code followed by a descriptive 
phrase. When Peter's laptop receives the INVITE, the soft phone rings and it 
sends a ringing response (6).

v. The proxies involved are routing (7, 8) this response to the endpoint using 
the additional “via¨ header values.

vi. When Peter answers this conversation a 200 OK response (9) is generated 
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and routed (10, 11) back. The response contains a SDP body with media 
session parameters Peter are willing to use. This is the second phase in the 
exchange of SDP messages and is based on the simple offer/answer model 
in SDP, basic negotiation. The response also has a “contact” header field 
with a URI where Peter can be directly reached at. 

vii. The ACK (12) is then sent directly to Peter by using this new contact header 
field value. 

viii.After the media session is over and in this case the conversation, a BYE is 
sent to the other party (13) who answers with a 200 OK (14). This will then 
end the session.

 3.3.2 Message format
The message format starts with a line called request line in requests and status line 
in responses.  The lines after the start line are a number of header fields on the 
format <name>:<value> and then an empty line that separates the header from the 
optional message body. The following example shows the INVITE request (1) from 
Kim's SIP phone to the bahamas.com proxy in illustration 5, page 27 [RFC3261].

i. INVITE sip:Peter@ericsson.com SIP/2.0

ii. Via: SIP/2.0/UDP phone5.bahamas.com:5060;branch=z9hG4bK74gh5

iii. Max-Forwards: 70

iv. From: Kim <sip:Kim@bahamas.com>;tag=9hx34576s1

v. To: Peter <sip:Peter@ericsson.com>

vi. Call-ID: 6969696969696969666@192.0.100.1

vii. Cseq: 1 INVITE

viii.Contact: <sip:Kim@192.0.100.1>

ix. Content-Type: application/SDP

x. Content-Length: XX

xi.

xii. (SIP message body, Kim's SDP body here)

The following explanation are taken from the header fields described in [RFC3261] 
and [GC06] applied to the INVITE example above.

i. Method name INVITE which indicates that the purpose of this request is to 
invite a user to a session. “sip:Peter@ericsson.com” is the Request-URI and 
consist  of  the user  name “Peter” and the domain  name “ericsson.com”, 
SIP/2.0 is the protocol version.

17



Conceptualizing SIP Based Gateway Control

ii. The Via header field contains the different proxies the request has traversed. 
Via holds the address “phone5.bahamas.com” where “Kim” is expected to 
receive  responses  to  this  request.  The  branch  parameters  identifies  this 
transaction.

iii. The  Max-forwards header field is a number decremented by every proxy 
that handles the request until it reach zero, it is then discarded. It limits the 
number of hops a request can make on the way to the endpoint. This method 
is used to avoid routing loops.

iv. The  From header  field shows,  as  a  SIP URI,  who the originator  of the 
request is. In this case it is “sip:Kim@bahamas.com”, and it also contains a 
display name, “Kim”. The header field also has a tag parameter which is a 
random string added by Kim's SIP phone for identification purpose.

v. The To header field is much like the From header field. It contains a display 
name and a SIP URI of the destination of the request. The URI is not used 
to route the request instead it  is used for filtering purpose. If a user has 
several  URIs,  a  private  and  a  professional  for  example,  it  can  have  a 
filtering request depending on which one displayed in the To header field.

vi. The  Call-id header  field  provides  a  unique  identifier  for  this  call.  It  is 
globally unique and is a generated combination of Kim's SIP phone and a 
random string. The Call-id together with the To header and the From header 
defines  a  SIP  peer-to-peer  relationships  referred  to  as  dialog.  In  this 
example it is between Kim and Peter. 

vii. Command Sequence (Cseq) is a traditional sequence number incremented 
for each new request within a dialog. It also contains a method name and 
they both are used to match requests and responses.

viii.The Contact header field contains a SIP URI representing a direct route to 
the remote user agent, in this case Kim, Kim@192.0.100.1. This field tells 
others where to send future request compared to the Via header which tells 
other where to send the response.

ix. Content-Type header contains a message body description, in this case the 
message body uses the SDP format. The SDP body are not presented in this 
example.

x.  Content-Length header  field  gives  the  length  of  the  message  body in 
bytes.

xi. Empty line separating header from body.

The next example shows the 200 OK response sent from Peter's laptop666 to the 
proxy “ericsson.com” in illustration 5, page 27.
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SIP/2.0 200 OK

Via: SIP/2.0/UDP server2.ericsson.com; «

» branch=z9hG4bK777fk;received=192.0.100.3

Via: SIP/2.0/UDP server2.bahamas.com; «

» branch=z9hG4bK555fk ;received=192.0.100.2

Via: SIP/2.0/UDP phone5.bahamas.com:5060; «

» branch=z9hG4bK74gh5 ;received=192.0.100.1

From: Kim <sip:Kim@bahamas.com>;tag=9hx34576s1

To: Peter <sip:Peter@ericsson.com>;tag=2007022099

Call-ID: 6969696969696969666@192.0.100.1

CSeq: 1 INVITE

Contact: <sip:Peter@192.0.100.4>

Content-Type: application/SDP

Content-Length: XX

(SIP message body, Peter's SDP body here)

This response contains the three-digit code 200 and the phrase OK as first line and 
it  means  the  request  has  succeeded.  There  are  lots  of  other  response  codes 
explained in the reference documentation [RFC3261]. The three Via headers in the 
response example contains information of how the answer is going to be routed 
back. One added by Kim's SIP phone and one from the  bahamas.com proxy and 
one from the ericsson.com proxy. The  To, From, Call-ID and Cseq header fields 
are  copied  from the  INVITE  request  except  that  Peter's  laptop  has  added  the 
tag=2007022099 to the To header and will be included in all future requests and 
responses in this call. The Contact header contains Peter's URI where he can be 
reached directly. The SIP message body contains Peter's SDP media information 
and are specified by the Content-Type and the Content-Length headers.

 3.4 H.248

H.248  is  a  standard  created  by  the  Standardization  sector  of  the  International 
Telecommunication Union. It is an umbrella of standards to be used in scenarios 
where a multimedia gateway is decomposed into several physical parts  [HDC1]. It 
is also called Megaco which stands for Media Gateway Control [RFC2885]. A time 
frame of development can be seen in illustration 6, page 31.
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The connection model of H.248 is based around termination sources and contexts. 
A termination is the source or the sink of a communication stream, while a context 
is the association of various terminations. For example a two part telephone call 
where communication flows through a multimedia gateway will  be seen as two 
terminations and one context. This is because the gateway has one termination to 
each talking party. A termination exists in only one context at a time, however a 
context  may  have  any  number  of  terminations.  H.248  is  capable  of  creating, 
modifying, add terminations to, subtract terminations from and move terminations 
between contexts. Valid operations on terminations are “create” and “modify”.

Since the number of available combinations of termination properties is so high, the 
standard declares a number of property packages. This guarantees interoperability 
between media gateways and controllers from different vendors.

In H.248 when issuing commands, some commands take various parameters. These 
parameters are generally referred to as descriptors. A descriptor has a name and a 
list of items. Not all items must have values. Return values of commands are also 
descriptors. The syntax used for descriptors is

DescriptorName=<ID>{param0=value0,param1=value1,paramN=valueN}

The descriptor of particular importance to this paper is the media descriptor. This 
descriptor is used to specify the parameters for all media streams. There are two 
types  of  media descriptors,  termination state  descriptors  and stream descriptors. 
Termination state descriptors are used to specify properties of the terminations that 
aren't  stream dependent.  The  stream descriptors  are  used  for  stream dependent 
properties.

A stream is identified by an integer value in the range 1 to 65535 and are assigned 
by the controller. To create a stream one simply specifies a new stream id on a 
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termination  in  a  context.  Each  stream  descriptor  may  have  up  to  three  sub-
descriptors,  local  control,  local  and  remote.  Where  local  descriptors  are  the 
properties  of  the  media  stream  received  by  the  media  gateway  and  remote 
descriptors are the properties of the media stream sent by the media gateway. These 
media descriptors are sent in SDP format and are described in RFC 2327. Some 
deviations from this standard is allowed, such as wild cards like CHOOSE. This 
means that the SDP format in H.248 is not completely standards compliant and 
therefore not transparently compatible with the SDP format used by SIP. However 
implementations  of  H.248 are required by the  standard to be  able  to  deal  with 
completely standards compliant SDP formats.

The controller groups commands to the gateways into transactions. A transaction 
consists of one or more actions. Each action is in itself a number of commands as 
seen in illustration 7, page 32.

Transactions may be processed in any order and not necessarily in the order they 
are  received.  One or  more  transactions  may be grouped into  a  message.  These 
messages are not acknowledged by the controller in any way, only the transactions 
within are.
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In  order  to  understand  the  communication  and  the  resulting  message  exchange 
better we will examine the section marked “A” in illustration 8, page 33. 

9: Gateway sends a Notify message with the number dialed by the user.
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MEGACO/2 [<MG IP>]:<MG Port>

Transaction = <Transaction ID> {

Context = - {

Notify = <Phone Termination ID> {

ObservedEvents = 2223 {

        19990729T22010001:dd/ce{ds="916135551212",Meth=UM}}}}}

10: Controller acknowledges the Notify message received from the gateway.

MEGACO/2 [<MGC IP>]:<MGC Port> 

Reply = <Transaction ID> {

    Context = - {Notify = <Phone Termination ID>}}

11:  Controller  sends  an  Add message  to the  gateway with  the local  descriptor, 
suggesting two different codecs in order of preference and adding two terminations, 
one for the phone and the other for the IP based network stream.

MEGACO/2 [<MGC IP>]:<MGC Port>

Transaction = <Transaction ID> {

Context = $ {

Add = <Phone Termination ID>, 

Add = $ {

  Media { 

Stream = <Stream ID> { 

LocalControl {                           

Mode = ReceiveOnly, 

nt/jit=40},

Local {

v=0

c=IN IP4 $

m=audio $ RTP/AVP <Prefered Codec ID>

a=ptime:30

v=0

c=IN IP4 $

m=audio $ RTP/AVP <Secondary Codec ID>

}}}}}}

12: The media gateway picks the media description it can fulfill and confirms the 
Add message result.
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MEGACO/2 [<MGW IP>]:<MGW Port>

Reply = <Transaction ID> {

Context = <New Context ID> { 

Add = <Phone Termination ID>,

Add = <Packet Termination ID>{

Media { 

Stream = <Stream ID> {

Local {

v=0

o=- 2890844526 2890842807 IN IP4 <MGW IP>

s=-

t= 0 0

c=IN IP4 <MGW Ip>

m=audio <Stream Port> RTP/AVP <Selected Codec ID>

a=ptime:30

a=recvonly

}}}}}}

13:  The controller  sends  an  Add message  to  the  remote  media  gateway of  the 
telephone  the  user  is  trying  to  call.  It  now has  enough information  to  forward 
remote termination information to the media gateway of the callee.
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MEGACO/2 [<MGC Ip>]:<MGC Port>

Transaction = <Transaction ID> {

Context = $ { 

Add = <Phone Termination ID>  { 

Media { 

Stream = <Stream ID> {

LocalControl {Mode = SendReceive} }},

Events=1234{al/of(strict=state)}, 

Signals {al/ri}},

Add = $ {

Media { 

Stream = <Stream ID> { 

LocalControl {  

Mode = SendReceive,

nt/jit=40},

Local {

v=0

c=IN IP4 $

m=audio $ RTP/AVP <Local Codec ID> 

a=ptime:30},

Remote {

v=0

c=IN IP4 <MGW Ip> 

m=audio <Remote Port> RTP/AVP <Remote Codec ID> 

a=ptime:30

}}}}}}

14:  The remote  media  gateway allocates  the Local  termination using the codec 
requested by the controller and acknowledges the Add request.
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MEGACO/2 [<Called MGW Ip>]:<Called MGW Port>

Reply = <Transaction ID> {

Context = <Context ID> {

Add = <Phone Termination ID>,

Add = <Packet Termination ID> {

Media { 

Stream = <Stream ID> { 

Local {

v=0

o=- 7736844526 7736842807 IN IP4 <Called MGW Ip>

s=-

t= 0 0

c=IN IP4 <Called MGW Ip> 

m=audio <Local Port> RTP/AVP <Selected Codec ID>

}}}}}}

15:  The  controller  now  knows  the  termination  properties  of  all  terminations 
involved in the communication. However the callee gateway does not know the 
remote  port  and  IP  to  communicate  with  so  the  controller  must  forward  this 
information to the gateway of the callee.
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MEGACO/2 [<MGC Ip>]:<MGC Port>

Transaction = <Transaction ID> {

Context = <Context ID> {

Modify = <Phone Termination ID> {

Signals {cg/rt}},

Modify = <Packet Termination ID> {

Media {

Stream = <Stream ID> { 

Remote {

v=0

o=- 7736844526 7736842807 IN IP4 <Called MGW Ip>

s=-

t= 0 0

c=IN IP4 <Called MGW IP> 

m=audio <Called MGW Port> RTP/AVP 4

}}}}}}

 3.5 Erlang
Erlang was designed for real world programming and evolved in an environment 
where the language was under construction while being actively used. This led to a 
programming language which takes a very practical approach  [CPERL]. The aim 
was  to  produce  a  language  with  the  main  focus  of  “concurrent,  real-time, 
distributed fault tolerant systems”. It also aimed to significantly reduce the time to 
market for telecommunication applications. This can be illustrated by the standard 
library  shipped  with  the  runtime  environment  which  includes  support  for  such 
telecommunication specific protocols as H.248.

Unlike C, Erlang has been designed from the ground up for parallelization which 
makes writing concurrent systems much more natural. By default Erlang is very 
process oriented with a very low cost to spawn a new process. These processes then 
pass messages between themselves in the form of regular Erlang constructs. This 
leads to very transparent interprocess communication and a system can be made 
parallel by simply adding new nodes and having the processes distributed over the 
nodes.

Erlang tries to make sure that the language is free from side effects and generally 
data can not be altered once it has been set. This allows for a more natural language 
in the form of a mathematically descriptive language by not having variables in the 
same sense as C where data can be read and written arbitrarily. In Erlang it holds 
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true that if a declaration

X = 3 + Y

is made, the value of X will always be 3 + the value of Y. X may never change and 
neither may Y. This means that processes can not race for data since all data is 
constant. Real world issues however means that Erlang allows for global shared 
data in the same manner as traditional imperative languages. This can be done via 
shared memory in the form of ETS tables which is an extremely simple key/value 
pair  database.  You may also  have  references  that  can  be  thought  of  as  simple 
pointers to values.

Erlang  was  also  designed  for  critical  systems  where  downtime  may  be 
unacceptable.  This is reflected by its ability to be updated during runtime. This 
means that zero downtime services are possible and can be updated while running. 
Erlang  also  tries  to  avoid  programmer  errors  by  removing  manual  memory 
management.

The following piece of code demonstrates the ease of doing parallel processing in 
Erlang.  It  spawns  a  process  that  runs  in  parallel  to  the  first  one.  That  process 
accepts two messages “hello” and “stop”. When receiving “hello” the process will 
output  “Hello  World”  to  the  terminal,  when  receiving  the  message  “stop”  the 
process will terminate and when receiving any other message that message will 
simply  be  ignored.  The  function  “run”  is  the  main  application  entry  point  and 
“loop” is the message processing function of the second process. 
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-module(hello).

-export([run/0, loop/0]).

loop() ->

receive

hello ->

io:format("Hello World~n"),

loop();

stop ->

ok;

_ ->

loop()

end.

run() ->

Proc2 = spawn(hello, loop, []),

Proc2 ! hello,

Proc2 ! stop,

ok.

 3.6 XML
XML stands for Extensible Markup Language and is a text format based on SGML 
[ISO8879] [XML]. XML is used as the basis for the newer HTML 4.01 [HTML] 
reformulation in XML called XHTML  [XHTML] which is  in wide deployment 
across the world wide web. XML documents consist of a series of entities arranged 
in a treelike structure. The first entity in a document is referred to as the “root”. The 
character '<' is used in order to indicate the start of a new tag and the character '>' is 
the end tag character. The open tag character is followed by an element name. The 
elements  may  furthermore  have  attributes  that  are  specific  to  that  element. 
Elements need to be terminated in order to be able to maintain a treelike structure. 
Elements  may either be terminated via a “/>” ending element tag or a “</” opening 
tag. Elements can also be nested.

The following is an example of a XML element specification.
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<elementName attribute0=”value0” attribute1=”value1” />

-or-

<elementName attribute0=”value0” attribute1=”value1”>

... contents of element “elementName”

</elementName>

XML documents should contain an initial special declaration specifying the version 
of XML used to encode the document. This element takes the form:

<?xml version=”1.0”?>

The XML W3C recommendation also introduces a form of input validation for the 
structure of the XML document. This validation is done according to a grammar 
called a document type declaration or DTD. The document type declaration is able 
to put limitations and requirements on the structure of XML documents as well as 
the internals of entities, such as attributes. This means that existing XML parsers 
are also able to verify the input to a large extent, further allowing reuse of existing 
code. The wide adoption of XML means that there are large amounts of libraries 
available for reuse.

A simple XML document that is well formed but not valid since it lacks a DTD to 
validate against is:

<?xml version=”1.0”?>

<user name=”alice”>

<file name=”settings.xml” />

<file name=”alice.xml” />

</user>

Which specifies an element of type “user” with the attribute “name” with a value of 
“alice”, this user then contains two more empty elements of type “file”. The format 
of document type declarations is outside of the scope of this brief summary.

 4 Implemented protocol
 4.1 Protocol
There is a fundamental difference between SIP and H.248. Where SIP is used for 
the very generic  purpose of  session establishment  and maintenance  [RFC3261], 
H.248 is used for a very specific purpose, namely sending of control signals from a 
gateway controller  to a gateway. Reviewing both protocols  there are significant 
features missing from SIP that is present in H.248 and vice versa. SIP has support 
for  very location independent  addressing  and H.248 contains  extensive  purpose 
specific instruction sets. These differences are significant enough for the protocols 
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to  not  be  mutually  exclusive  but  rather  possible  to  use  in  a  collaborative 
environment  where  the  features  of  SIP  are  leveraged  with  the  domain  specific 
nature of H.248 in order to create a protocol that is as flexible as possible. It is also 
important  to note that there is extensive experience, knowledge of and code for 
legacy  applications  using  H.248.  The  goal  was  therefore  to  leverage  existing 
resources in order to assure the costs of developing and maintaining a potential 
implementation of concepts presented, as low as possible. It was also decided that 
any approach taken should closely follow the nature of other extensions, such as 
VXML. 

The text based approach taken by SIP is another factor that is important to adhere 
to  in order to  not deviate from industry best  practices  and standards.  One such 
protocol being strongly worked on and pushed by the ITU is the upcoming VXML 
specification, there is also extensive use of  XML in many upcoming standards 
such as call control for voice browsers  [CCXML] and in the event framework of 
SIP itself  [RFC3858].  It  would appear  that  XML is a  very common format for 
sending data and signals over SIP instead of artificially extending the protocol by 
adding extensive parameter lists to the header fields of SIP. While extending the 
headers of SIP is possible without violating the standard it can also quickly get 
messy and would be very hard to analyze and debug.

XML is a human readable format. It is also wide spread enough to have significant 
volumes  of  libraries  written  and  well  tested.  There  is  also  a  W3C  attempt  at 
creating an efficient method of exchanging XML based messages  [EXML]. It is 
therefore a very natural step to try to capture the nature of H.248 in a XML based 
protocol  and  then  use  SIP  as  the  transport  mechanism  over  which  the  XML 
messages are passed back and forth between the gateway and the controller. This 
means that the SIP headers will effectively act as the means of specifying message 
source and target with the elements from the H.248 protocol embedded as a form of 
XML. This hybrid protocol will be referred to as SIGACO

The following message is a service change message sent from the gateway to the 
controller on startup. The message is first presented in H.248 followed by the same 
message in SIGACO.
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H.248

MEGACO/2 [124.124.124.222]

Transaction = 9998 {

Context = - {

ServiceChange = ROOT {Services {

Method=Restart, 

Version=2,

ServiceChangeAddress=55555,

Profile=ResGW/1,

Reason=Startup}}}}

SIGACO

NOTIFY sip:mgc@ericsson.se SIP/2.0

Via: SIP/2.0/UDP mgw3.ericsson.se:5060;branch=z9hG4bK74gh5

Max-Forwards: 10

From: MGW3 <sip:mgw3@ericsson.se>;tag=9hx34567sl

To: MGC <sip:mgc@ericsson.se>

Call-ID: 1327615512916253672@192.168.0.13

CSeq: 1 NOTIFY

Contact: <sip:mgw3@192.168.0.13>

Content-Type: application/mgc+xml

Content-Length: 225

<?xml version="1.0"?>

<mgc xmlns="http://www.ericsson.se/mgc" version="1.0">

<context id="-">

<servicechange id="root" method="restart" reason="startup" 
address="55555" profile="resgw/1" version="2"/>

</context>

</mgc>

This message demonstrates quite clearly the differences between the two protocols. 
Where routing information in H.248 is very short and inflexible it is much longer 
and more flexible in  SIGACO. This can be very disadvantageous for very small 
messages such as the service change illustrated above. Another difference is that 
H.248 has some elements that have implied, but consistent, meaning. This implied 
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information can be seen in the identifier fields of various parts of the H.248 
messages. 

A  good  deal  of  the  SIP  information  in  the  SIGACO  protocol  is  completely 
redundant in a situation where the media gateway and media gateway controller are 
located on the same network. However SIP has been designed with the intent to 
allow agents  to  be easily contacted even if  highly mobile.  This  allows the SIP 
agents of different providers to easily communicate via a well known alias and  the 
providers can easily and transparently relocate or balance between different nodes. 
This feature is also present in H.248 where they have status change messages and 
DNS  [RFC882].  The problem with DNS is that  it  can take significant time for 
updates to propagate over the Internet. 

Besides the obvious extra cost in message size, SIP based name resolution is much 
more expensive than DNS name resolution since it needs to resolve across many 
gateways.  In  order  to  combat  the  heavy name resolution,  SIP has  introduced a 
caching mechanism in the REGISTER method via the “expires” parameter of the 
“Contact” header with a default value of one hour [RFC3261]. This allows you to 
create  extremely flexible  solutions if  the need would arise,  at  a cost  of a more 
complex protocol.

In order to better understand the proposed protocol tags and structure a full setup 
and tear down as shown in the final protocol example in the H.248 RFC [RFC2885] 
are examined. In these examples the H.248 header will be skipped as will the SIP 
header  in  order  to  make the protocol  similarities  and differences  as  obvious as 
possible. Furthermore the transaction section of the H.248 protocol will be skipped 
since it has been moved into the header of SIP. The XML required initial tags will 
also be left out.

33



Conceptualizing SIP Based Gateway Control

H.248 SIGACO
1. Gateway to controller, service change on startup.
REQUEST
Context = - {
ServiceChange = ROOT {
Services {
Method=Restart,
Reason=Startup,
Version=2,
ServiceChangeAddress=55555,
Profile=ResGW/1}}}

1: NOTIFY
<context id="-">
<servicechange id="root" 
method="restart" 
reason="startup" address="55555" 
version="2" profile="resgw/1"/>
</context>

2. Controller to gateway, service change result.
REPLY
Context = - {
ServiceChange = ROOT { 
Services {
ServiceChangeAddress=55555, 
Profile=ResGW/1}}}

2: 200 OK

3. Controller modifies termination A4444 to send a notification on 
off hook event.
REQUEST
Context = - {
Modify = A4444 {
Media {
Stream = 1 { 
LocalControl {
Mode = SendReceive, 
tdmc/gain=2, 
tdmc/ec=on
},
}},
Events = 2222 {al/of 
{strict=state}}         
}}

3: SUBSCRIBE
<context id=”-”>
<modify id=”a4444”>
<events id="2222">
<event id="al/of">
<param 
name="strict">state</param>
</event>
</events>
</modify>
</context>

6: 200 OK

7: INVITE
<context id="-">
<modify id="a4444">
<media>
<stream id="1">
<control mode="SendReceive">
<param 
name="tdmc/gain">2</param>
<param name="tdmc/ec">on</param>
</control>
</stream>
</media>
</modify>
</context>

4. Gateway acknowledges modify as successful.
REPLY 4: 200 OK
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H.248 SIGACO
Context = - {
Modify = A4444} 5: NOTIFY

8: 200 OK
6. Gateway notifies controller of an off hook event.
REQUEST
Context = - {
Notify = A4444 {
ObservedEvents = 2222 {
19990729T22000000:al/of
{init=false}}}}}

9: NOTIFY
<context id="-">
<notify id="a4444">
<events id="2222">
<event id="al/of" 
time="19990729T22000000">
<param name="init">false</param>
</event>
</events>
</notify>
</context>

7. Controller acknowledges the notification.
REPLY
Context = - {
Notify = A4444}

10: 200 OK

8. Controller tells gateway to play dialtone, take digits 
according to a dialplan and to send a notification if the user 
hangs up.
REQUEST
Context = - {
Modify = A4444 {
Events = 2223 {
al/on{strict=state},
dd/ce{DigitMap=Dialplan0}},
Signals {cg/dt}, 
DigitMap = Dialplan0 {
(0| 00|[1-7]xxx|8xxxxxxx|
Fxxxxxxx|Exx|91xxxxxxxxxx|
9011x.)}}}

11: SUBSCRIBE
<context id=”-”>
<modify id=”a4444”>
<events id=”2223”>
<event id="al/on">
<param 
name="strict">state</param>
</event>
<event id="dd/ce">
<digitmap id="dialplan0"/>
</event>
</events>
</modify>
</context>

14: 200 OK

15: UPDATE
<context id="-">
<modify id=”a4444”>
<signals>
<signal id="cg/dt"/>
</signals>
<digitmap id="dialplan0">
(0| 00|[1-7]xxx|8xxxxxxx|
Fxxxxxxx|Exx|91xxxxxxxxxx|
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H.248 SIGACO
9011x.)
</modify>
</digitmap>
</context>

9. Gateway acknowledges the modifications.
REPLY
Context = - {
Modify = A4444}

12: 200 OK

13: NOTIFY

16: 200 OK
10. Gateway notifies the controller of the phone number the user 
dialed.
REQUEST
Context = - {
Notify = A4444 {
ObservedEvents =2223 {
19990729T22010001:dd/ce{
ds="916135551212",
Meth=UM}}}} 

17: NOTIFY
<context id="-">
<notify id="a4444">
<events id="2223">
<event id="dd/ce" 
time="19990729T22010001">
<param 
name="ds">916135551212</param>
<param name="meth">um</param>
</event>
</events>
</notify>
</context>

11. Controller acknowledges the notification.
REPLY
Context = - {Notify = A4444}

18: 200 OK

12. Controller tells the gateway to add the phone termination and 
a stream termination to a context.
REQUEST
Context = $ {
Add = A4444, 
Add = $ {
Media { 
Stream = 1 { 
LocalControl { 
Mode = ReceiveOnly, 
nt/jit=40},
Local {
v=0 
c=IN IP4 $ 
m=audio $ RTP/AVP 4
a=ptime:30
v=0 
c=IN IP4 $ 
m=audio $ RTP/AVP 0
}}}}}

19: UPDATE
<context id="$">
<add id="a4444"/>
<add id="$">
<media>
<stream id="1">
<control mode="ReceiveOnly">
<param name="nt/jit">40</param>
</control>
<local>
v=0 
c=IN IP4 $ 
m=audio $ RTP/AVP 4
a=ptime:30
v=0 
c=IN IP4 $ 
m=audio $ RTP/AVP 0
</local>
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H.248 SIGACO
</stream>
</media>
</add>
</context>

13. Gateway acknowledges the add.
REPLY
Context = 2000 { 
Add = A4444,
Add=A4445{
Media { 
Stream = 1 {
Local {
v=0 
o=- 2890844526 2890842807 IN IP4 
124.124.124.222
s=-
t= 0 0 
c=IN IP4 124.124.124.222 
m=audio 2222 RTP/AVP 4
a=ptime:30
a=recvonly}}}}}

20: 200 OK
<context id="2000">
<add id="a4444"/>
<add id="a4445">
<media>
<stream id="1">
<local>
v=0 
o=- 2890844526 2890842807 IN IP4 
124.124.124.222
s=-
t= 0 0 
c=IN IP4 124.124.124.222 
m=audio 2222 RTP/AVP 4
a=ptime:30
a=recvonly
</local>
</stream>
</media>
</add>
</context>

14. Controller tells remote gateway to add remote phone to 
context, registers for the off hook event, sets a ring signal and 
adds a stream for communication.
REQUEST
Context = $ { 
Add = A5555 { 
Media { 
Stream = 1 { 
LocalControl {
Mode = SendReceive}}},
Events = 
1234{al/of{strict=state}}, 
Signals {al/ri}},
Add = $ {
Media { 
Stream = 1 { 
LocalControl {  
Mode = SendReceive,
nt/jit=40},
Local {
v=0
c=IN IP4 $ 
m=audio $ RTP/AVP 4 
a=ptime:30

21: SUBSCRIBE
<context id=”-”>
<modify id=”a5555”>
<events id="1234">
<event id="al/of">
<param 
name="strict">state</param>
</event>
</events>
</modify>
</context>

24: 200 OK

25: INVITE
<context id="$">
<add id="a5555">
<media>
<stream id="1">
<control mode="SendReceive"/>
</stream>
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H.248 SIGACO
},
Remote {
v=0
c=IN IP4 124.124.124.222 
m=audio 2222 RTP/AVP 4 
a=ptime:30
}}}}}}

</media>
<signals>
<signal id="al/ri"/>
</signals>
</add>
<add id="$">
<media>
<stream id="1">
<control mode="SendReceive">
<param name="nt/jit">40</param>
</control>
<local>
v=0
c=IN IP4 $ 
m=audio $ RTP/AVP 4 
a=ptime:30
</local>
<remote>
v=0
c=IN IP4 124.124.124.222 
m=audio 2222 RTP/AVP 4 
a=ptime:30
</remote>
</stream>
</media>
</add>
</context>

15. Remote gateway acknowledges the request.
REPLY
Context = 5000 {
Add = A5555,
Add = A5556{
Media { 
Stream = 1 { 
Local {
v=0
o=- 7736844526 7736842807 IN IP4 
125.125.125.111
s=-
t= 0 0
c=IN IP4 125.125.125.111 
m=audio 1111 RTP/AVP 4
}}}}}

22: 200 OK

23: NOTIFY

26: 200 OK
<context id="5000">
<add id="a5555"/>
<add id="a5556">
<media>
<stream id="1">
<local>
v=0
o=- 7736844526 7736842807 IN IP4 
125.125.125.111
s=-
t= 0 0
c=IN IP4 125.125.125.111 
m=audio 1111 RTP/AVP 4
</local>
</stream>
</media>
</add>
</context>
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H.248 SIGACO

16. Controller modifies the first allocated stream on the local 
gateway to adhere to the stream information from the remote 
gateway. 
REQUEST
Context = 2000 {
Modify = A4444 {
Signals {cg/rt}},
Modify = A4445 {
Media { 
Stream = 1 { 
Remote {
v=0
o=- 7736844526 7736842807 IN IP4 
125.125.125.111
s=-
t= 0 0
c=IN IP4 125.125.125.111 
m=audio 1111 RTP/AVP 4
}}}}}

27: UPDATE
<context id="2000">
<modify id="a4444">
<signals>
<signal id="cg/rt"/>
</signals>
</modify>
<modify id="a4445">
<media>
<stream id="1">
<remote>
v=0
o=- 7736844526 7736842807 IN IP4 
125.125.125.111
s=-
t= 0 0
c=IN IP4 125.125.125.111 
m=audio 1111 RTP/AVP 4
</remote>
</stream>
</media>
</modify>
</context>

17. Gateway acknowledges the modifications.
REPLY
Context = 2000 {
Modify = A4444, 
Modify = A4445 }

28: 200 OK

18. The remote user picks up the phone.
REQUEST
Context = 5000 {
Notify = A5555 {
ObservedEvents = 1234 {
19990729T22020002:al/of
(init=false) }}} 

29: NOTIFY
<context id="5000">
<notify id="a5555">
<events id="1234">
<eventid="al/of" 
time="19990729T22020002">
<param name="init">false</param>
</event>
</events>
</notify>
</context>

19. Controller acknowledges the phone off hook event.
REPLY
Context = - {

30: 200 OK
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H.248 SIGACO
Notify = A5555}
20. Controller turns off ringing and requests to be notified on if 
the user hangs up.
REQUEST
Context = 5000 {
Modify = A5555 {
Events = 1235 
{al/on{strict=state}},
Signals { }}}

31: UPDATE
<context id=”5000”>
<modify id=”a5555”>
<signals/>
</modify>
</context>

32: SUBSCRIBE
<context id="5000">
<modify id="a5555">
<events id="1235">
<event id="al/on">
<param 
name="strict">state</param>
</event>
</events>
</modify>
</context>

36: 200 OK
21. Gateway acknowledges the request.
REPLY
Context = 5000 {
Modify = A4445}

33: 200 OK

34: 200 OK

35: NOTIFY

Table 1: Message exchange details during call setup.

 4.1.1 Body
The body of the SIP requests is a XML based signaling protocol which has its roots 
in the H.248 protocol. It is fairly simple to translate between the both protocols and 
a large part of the design of the protocol was spent trying to assure that it would be 
compatible with existing H.248 solutions. The primary solution used when testing 
SIGACO was the Erlang/OTP H.248 solution. This solution is used by Ericsson AB 
and provides a well tested module. 

The target when developing the body was to have it translate as transparently as 
possible into the internal Erlang/OTP H.248 structures. One manifestation of this 
fact  is  that  the  protocols  share  many  concepts  such  as  contexts  containing 
terminations  and terminations  representing  communication  end points.  However 
some of the H.248 protocol  has been stripped off  and reuses SIP header  fields 
which creates some changes that can have a minor impact on how easy the protocol 
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can reuse existing protocol stacks. There is also differences in the SIP protocol 
message  flow and the  H.248 message  flow.  Where  such  differences  have  been 
encountered the SIP based approach has been preferred as the goal was to create a 
SIP based communication protocol and H.248 has simply been recycled as a matter 
of convenience, simplicity and easy adoption. In its current state the protocol only 
covers a subset of the H.248 protocol and is intended to be extended as this is only 
an investigation into the possibility  and impact  of a  SIP based gateway control 
protocol. Currently it implements the minimum needed to set up a call.

Every SIGACO body starts with the standard XML opening phrase:

<?xml version="1.0"?>

Which means that our body is in XML version 1.0 format. This is always followed 
by the media gateway control tag:

<mgc xmlns="http://www.ericsson.se/mgc" version="1.0">

Which means that the following tags are media gateway control instructions using 
version 1.0.  This is always followed by a “context” element defining what context 
we wish to work within. 

 4.1.1.1 XML elements
These are all the XML elements that were defined in order to be able to support and 
test a gateway controller and gateway relationship from startup to call setup and 
call tear down. It is a limited set and does not cover all the features of H.248. The 
limited set was chosen in order to focus on the core issues and keep this paper 
within reason. H.248 has some fairly complex features, such as auditing, which are 
non-critical for the domain examined in this work. Most notably all error handling 
has been omitted and the protocol can not be considered stable for a production 
level  system without  further  extension,  preferably by implementing the  missing 
H.248 elements in the same spirit done below. 

For the following examples the following terms are defined as follows

 Attribute has the same meaning as in XML where it is an attribute to the tag 
it is specified within.

 Children are elements which the current element may contain.

 Parents are elements which may contain the current element.

In all cases the standard XML attributes are supported and may be used. They are 
required only on the mgc element where the XML name space and version MUST 
be specified.

add
Add a termination to a context.
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Attributes

 id: Identifier of termination. Can contain wild cards where “*” means all 
terminations and “$” means choose a termination.

Children media, events, signals, digitmap
Parents context

context
Select a context to operate upon. Contained elements are the operations to perform 
within this context.

Attributes

 id: Identifier of context. Valid values are 32 bit unsigned integer strings, “*” 
for all contexts, “-” for null context and “$” in order to have the remote host 
choose a context.

Children servicechange, modify, add, subtract, notify
Parents mgc

control
Define how the gateway should deal with the local and remote media types.

Attributes

 mode:  Controls  the  mode of  the  media,  valid  values  are  “ReceiveOnly” 
when the  media  is  only  to  receive  and not  send,  “SendOnly”  when the 
media is for sending only, “SendRecv” when the media is supposed to be 
used for sending and receiving, “Inactive” when the media is inactive and 
“LoopBack” when any incoming information should be reflected back as 
outgoing.

Children param
Parents media

digitmap
Specify a sequence of digits used for validation of user input. The format of the 
element contents can be found in the section 7.1.14 of the ITU H.248 reference 
document [HDC1].

Attributes

 name: The name of this digit map.

Children -

Parents add, modify, subtract
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events
A grouping of events.

Attributes

 id: Identifier of event group.

Children event
Parents add, modify

event
Define an event.

Attributes

 id: Identifier of event on “package/item” format in the standard way defined 
in the H.248 reference document [HDC1].

Children param
Parents events

local
Define  a  local  media  descriptor  in  the  form  of  a  SDP  according  to  the  SDP 
reference document [RFC2327].

Attributes -

Children -

Parents stream

media
Specify a media section that may contain various streams.

Attributes -

Children stream
Parents add, modify

mgc
Root tag for the protocol.

Attributes xmlns  MUST be  “http://www.ericsson.se/mgc”,  version MUST be 
“1.0”.

Children context
Parents -
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modify
Modify a termination.

Attributes

 id: Identifier of termination to modify. The wild card “*” may be used to 
modify all existing terminations in a context.

Children media, events, signals, digitmap
Parents context

notify
Notification of an event or a change in a termination with a subscription.

Attributes

 id: Termination identifier. 

Children events
Parents context

param
Specify a parameter to the parent element. Parameters are basically user defined 
elements with a name and a value.

Attributes

 name: Name of parameter. Valid values depend on the parent element.

 value: Value of parameter. Valid values depend on the parent element.

Children -

Parents event, control

remote
Specify the media information for the remote end of a stream. The contents are an 
SDP as per RFC 2327 [RFC2327].

Attributes -

Children -

Parents stream

servicechange
Indicate that the status of a service has changed. This element uses attributes that 
are somewhat complex and are only briefly summarized here. If there is confusion 
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about the functionality or format of any of the attributes please consult the H.248 
reference [HDC1] since the attributes have very similar names and exactly the same 
functionality and value syntax.

Attributes

 address: Address to use for all  future communication, usually means the 
port.

 delay: Seconds until the change is rendered effective.

 id: Termination id where the service change occurred. May be “root” to 
specify the entire gateway. Wild cards allowed are “*” for all terminations.

 method: Specifies change type. Can be either “graceful” for an imminent 
change within the delay specified in the delay attribute, “forced” to specify 
an event that was outside of the control of the gateway and that the change 
has  already  occurred,   “restart”  which  means  that  the  gateway  will  be 
restarting  after  a  delay  equal  to  the  value  of  the  attribute  delay,  
“disconnected”  meaning  that  the  gateway  lost  communication  with  the 
controller,  “handoff”  coming from a gateway means that  the  gateway is 
doing a handover by instructions of another controller and coming from a 
controller it is an instruction to start a handover to another controller and 
“failover” when the gateway has had a critical failure and another gateway 
will be taking over the role. 

 mgcid:  Optionally  returned  attribute  specifying  controller  to  contact  for 
further processing.

 profile: Protocol profile supported.

 reason: The reason the change is taking place.

 time: Time in ISO 8601 format [ISO8601].

 version: Protocol version.

Children - 

Parents context

signal
Define a signal. Signals are generally various tones and artificial signals generated 
by the gateway.

Attributes

 duration: Integer time in hundredths of a second to keep signal active.

 id: Identifier of signal. Consist of a package name and item name in the 
same manner as specified in the ITU-T reference [1].

 keepactive: Attribute without a value which specifies that the signal should 
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remain active even if attempts are made to modify it.

 notify: Attribute without a value which specifies that once the signal expires 
the other party should be notified. Notification is sent via a NOTIFY SIP 
message.

 stream: Identifier of stream to apply signal to.

 type: The type of signal, valid values are “on/off” for a signal that needs to 
be manually toggled, “timeout” for a signal that lasts until it is turned off or 
the duration runs out and “brief” which specifies a signal that expired on its 
own.

Children param
Parents signals

signals
Apply a set of signals to a termination.

Attributes -

Children signal
Parents add, modify, subtract

stream
Specify a bidirectional data stream for media.

Attributes

 id: Identifier of stream.

Children local, remote, control
Parents media

subtract
Remove a termination from a context.

Attributes

 id: Identifier of termination. May be wild carded with the “*” symbol to act 
on several terminations.

Children

Parents context
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 4.1.2 Header
The header of the communication is in a standard SIP header format  [RFC3261]. 
The requests used are all described in accepted RFC documents. There are however 
a few extensions used in order to provide as similar functionality as possible to 
H.248 without adding more elements to the body. These two extensions are the 
SUBSCRIBE  request  [RFC3265] and  the  UPDATE  request  [RFC3311]. 
Elaboration of the SIP headers is left to the reference documents.

 4.1.3 Non-standard behavior
Certain things in SIGACO have been altered from the behavior one would expect 
from H.248. This was done because SIGACO is a combination and compromise 
between both protocols with a strong focus on remaining SIP standards compliant. 
The  following  sections  elaborate  on  important  differences  and  why  they  were 
chosen.

 4.1.3.1 Branch parameter of SIP Via header
The branch parameter of the Via header has been restricted to the magic cookie 
"z9hG4bK"  [RFC3261] followed  by  a  integer  string  representing  the  integer 
transaction identifier in H.248 [RFC2885]. This was chosen in order to stay true to 
both  the  SIP  standard  and  the  H.248  standard.  This  allows  for  a  seamless 
transaction between H.248 transactions and SIP transaction even though they have 
different views on what a transaction is [RFC3261][RFC2885]. This does however 
mean that any SIP stack capable of generating SIGACO data must be aware of this 
restriction and it also means that from a H.248 perspective the protocol is limited to 
one transaction per request. 

 4.1.3.2 On hook and off hook events in H.248
In H.248 on and off hook events unsubscribe automatically when requesting new 
notifications of events and excluding the old event notifications  [RFC2885]. This 
behavior is not present in SIP [RFC3265] and therefore both on hook and off hook 
events will be in active subscription during the entire session. The advantages of 
such an approach is that during a call setup it is possible to save several packets as 
each unsubscription would require a SUBSCRIBE request, a 200 OK response, a 
NOTIFY request  and a  200 OK response  on  the  NOTIFY request  [RFC3265]. 
Instead the subscriptions die off when the SIP dialog for the call is destroyed by the 
last BYE request.

 4.1.3.3 Bodies of 200 OK responses
The  bodies  of  200  OK  SIP  responses  have  been  reduced  in  size  in  order  to 
minimize network traffic and try to minimize the number of layers the responses 
needs to traverse in order to be parsed.  SIGACO allows 200 OK responses with an 
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empty  body  if  the  request  does  not  contain  any  wild  cards  and  if  all  of  the 
commands were successful.

 4.1.3.4 SUBSCRIBE message sequence
Subscribe  requests  do  not  follow  the  standard  H.248  event  message  exchange 
sequence as specified in the ITU H.248 reference manual [1].  This was chosen 
because SIP provides a very similar mechanism via the SUBSCRIBE extension 
which has been accepted by the Network Working Group.

The SIP message exchange is more verbose and involves a separate SIP dialog 
which remains active during the life time of the subscription. It also has a more 
verbose message  exchange with a  SUBSCRIBE request,  a  200 OK response,  a 
NOTIFY request  and another  200 OK response  [RFC3265].  This  is  completely 
avoided in H.248 as it allows for grouping event notification requests into Add, 
Move, Modify and other command requests. However in the interest of focusing on 
a SIP based approach the SIP extension has been used.

 5 Test bed and implementation
The test bed chosen is structured around the various Erlang/OTP H.248 modules 
and their internal relationships. This solution was chosen because it allows for an as 
similar architecture as possible to the currently implemented solutions. Following 
the same architecture as the H.248 architecture addresses several key issues, such 
as how to provide a basis for a fair benchmarking platform and how well SIGACO 
is compatible with the H.248 protocol.

 5.1 Erlang/OTP H.248 architecture
Illustration 9, page 60 shows the architecture of the H.248 modules in Erlang/OTP 
and their interactions when data is received. This architecture has been constructed 
in a manner that is easily pluggable. New means of transporting the protocol to a 
remote endpoint can easily be created by creating extending modules implementing 
the  same  interface  as  specified  in  the  H.248  reference  documentation 
[MEGACOUG].
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In the simulation section our test implementation of these already existing modules 
will  be  referred  to  as  H.248  MGW.   Erlang/OTP  provides  different  kinds  of 
transport and encoding/decoding modules. In our tests we used the UDP transport 
module and the pretty text encoder module. The user module is very thin and very 
similar to the one used i the SIGACO MGW test implementation.

 5.2 SIGACO architecture
It  was  early  established  that  the  architecture  needed  for  the  project  to  see  any 
meaningful results would be fairly complex and also may differ enough from the 
H.248  architecture  that  the  benchmarks  may  become  biased.  Therefore  it  was 
established that SIGACO would need to fit seamlessly into the H.248 architecture 
in  order  to  isolate the cost  of  processing SIGACO. Maintaining the SIP dialog 
states and ensure a standard compliant SIP decoder would be far out of scope of 
this  paper  and  add  significantly  to  the  development  time.  All  of  these  issues 
factored  into  the  decision  of  using  components  developed  at  Ericsson  AB  for 
testing purposes.  The components available  were a commercial,  in development 
SIP stack which was able to provide all the services required and the open source 
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Illustration 9: Erlang/OTP H.248 architecture [MEGACOUG].
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H.248 modules.

The problem faced was integrating these two technologies and then use them as a 
transport and state handling mechanism respectively for SIGACO. The architecture 
chosen is shown in illustration 10, page 61.

 5.2.1 Transport Module
The SIP stack was chosen as the transport module since it provides the following 
mechanisms.

i. Maintains  a  lot  of  connection  information  including  listening  port  and 
various  transport  protocol  information  for  protocols  such as  TCP/IP and 
UDP. UDP was the transport protocol used for simulating SIGACO. 
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Illustration 10: Protocol architecture using SIP for transport and H.248 for state.
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ii. Provide state handling for every dialog and transaction created in SIP.

iii. Decodes and encodes SIP packages, meaning converting incoming data to 
an internal SIP message format containing every given header. 

One possibility discussed was to separate the SIP decode/encode functionality from 
the SIP stack and use that as a part of the encoder/decoder module. But that would 
have generated a expensive data communication between the H.248 modules and as 
said before that would be out of the scope of this thesis in term of development 
time. In order to minimize overhead from communication it was decided to use the 
SIP  stack  as  the  transport  component  and  then  write  extremely  thin  wrappers 
around the encoder/decoder modules and the SIP stack itself  to make sure they 
would be able to communicate with the H.248 central module. The SIP stack used 
is  still  in  heavy  development  inside  Ericsson  AB  and  has  not  been  heavily 
optimized. This means that a failure of the protocol that is clearly dependent on the 
SIP stack can not conclusively be considered a shortfall of SIGACO. The SIP stack 
used in these tests was also later replaced at Ericsson AB while this thesis was 
being worked on.

 5.2.2 Encoder/decoder Module
The encoder/decoder module has solely been created for this specific purpose and 
has been heavily optimized in regards that it does not fully support all the  H.248 
specific parameters. The Xml Element section in this document describes in detail 
what is supported. The encoder/decoder module is a thin wrapper module which 
exports functions needed for the H.248 main module to work. The main idea is 
shown in illustration 11, page 62.
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Illustration 11: Encoder/Decoder module.
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i. The  incoming  data  will  be  the  SIP  body containing  XML data.  This  is 
decoded  to  an  XML  internal  Erlang/OTP  representation.  Originally  the 
Xmerl scanner provided in Erlang/OTP was used. In the simulation shown 
later  this  became  an  easy  target  for  optimization  and  instead  an  new 
completely custom Xml scanner was implemented. The new Xml scanner 
was optimized by only supporting the xml elements needed.

ii. The incoming internal Xml Erlang/OTP representation is decoded into an 
H.248 representation compatible with Erlang/OTP H.248 module.

iii. The  incoming  internal  H.248  representation  is  directly  encoded  into  a 
stream of xml data ready to be inserted as the body in a SIP message.  

 5.2.3 Thin gateway user module
The user module was implemented as thinly as possibly and is actually the same as 
for the simulated H.248 MGW. Meaning that when everything has been decoded 
and  passed  to  the  user  module  the  data  will  be  the  same  in  the  two  different 
protocol setups. The user module expects to get some predefined messages and are 
statically  responding  accordingly  to  these  messages.  Another  part  in  the  user 
module was to create different kinds of events which were supposed to happened in 
a certain order. For example after the Invite message has been sent to the MGW it 
should not only respond with a 200 OK but also create an OFF HOOK  Notify 
which tells the controller that the user has picked up the phone. Normally the off 
hook event happens randomly but in this case it is trigged by the incoming Invite 
message.

 5.2.4 H.248 Module
The H.248 module is exactly the same as in the Erlang/OTP H.248 architecture. 

 5.3 Protocol tester and load generation
In order to test various aspects of the protocol there was a need for a node that was 
able to generate some sort of packet stream that would put strain on the main node. 
This  node  was  implemented  as  a  simple  protocol  tester  which  would  follow a 
simple linear sequence of packets and resend that sequence multiple times and as 
quickly as possible. The load tester also needed to validate the results returned by 
the  main  node  so  that  a  point  of  failure  could  be  spotted  if  such  a  point  was 
reachable within this limited environment. The central node in this case would be a 
gateway and the load generation would simulate a controller.

The requirements on the load generator was as follows

i. MUST validate returned packets so that one can say with a high degree of 
certainty that the gateway is not only responsive but also still correct.

ii. MUST extract and reuse data sent in previous packets, as the SIP protocol 
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has  a  few  random  or  non-predictable  components,  such  as  CSeq  and 
branches, that must be included in the response.

iii. MUST be able to increment dialog Ids and branch Ids in order to maintain 
the uniqueness among the loaded sequences. 

iv. MUST  be  header  order-independent.  That  is  headers  can  be  sent  in 
whatever order selected by the gateway and the load generator must be able 
to accept them independent of header field order.

v. MUST understand XML and able to compare two XML trees in an order 
independent fashion. This because the body of the responses will be XML 
and the load generator must be able to validate the responses. Since XML is 
not order dependent the load generator can not be.

vi. MUST be configurable and extensible so that if  one node is  not able to 
generate sufficient load it is easy to establish more nodes.

vii. SHOULD use UDP since it is much easier to work with for our simple test 
bed  and  also  reduces  socket  switching  overhead  from  having  many 
connections.

Finding a good solution that satisfied all these requirements was hard since there 
seemed to be a lack of open applications for load testing telecom implementations. 
There was an internal tool at Ericsson available which they used for testing other 
protocols, among them H.248, however it seemed as it would not satisfy all our 
requirements. Therefore one was implemented in order to solve the needs of this 
thesis.

 5.3.1 File format used in the load generator
This section will take a very brief look at the file format of the load generator. The 
full dump of all packets sent during the tests are included as an APPENDIX C.  The 
explanation will be very brief to allow the reader to follow these packet dumps for 
sake of verification, other than that they are of little importance. The load generator 
expect to get two files shown in the illustration 12, page 64.
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Illustration 12: Protocol tester & Load generation.
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 5.3.1.1 Global parameter file
This  file  contains specific  variables  that  are  common for several  test  cases,  for 
example such as IP address and port number when generating load in a networked 
environment.  The  load  generator  was  able  to  load  the  MGW  with  several 
concurrent  processes  from the  same computer.  This  means  there  is  a  need  for 
running these processes on specific port numbers and the global parameter file was 
then used to enable this as shown in illustration 13, page 65.

 5.3.1.2 Test case file
This file is split into two sections in much the same way as the SIP protocol itself. 
During the first section you have variables that are local for the current test case. 
The global parameter file containing variables may be overshadowed by the local 
variable definitions. The variable section is terminated by an empty line followed 
by the  packet  definition  section.  Packets  may define  variables  for  reuse  during 
subsequent packets and may also use variables. All variables may overshadow each 
other, however it is strongly recommended that local and packet variables be kept 
separate and not be allowed to collide.

Variables are indicated with an opening “%” and closing “%”. The string within 
these two opening and closing tags is the variable name. To define a new variable 
from  inside  a  packet  the  format  is  “$<VAR_NAME>:(<REGEXP>)”,  where 
VAR_NAME is the name of the variable in subsequent packets and REGEXP is the 
regular expression describing how to extract the variable from the packet. There are 
also some very specific purpose variables such as:

● “BODY_SIZE”

This variable is always defined by the load generator to be the size of the 
body, in bytes. This is a convenience variable and means that the author of 
the test packets do not have to count the number of bytes in packet which 
can be very hard since certain white space characters like newlines can be 
hard to count.

● “DIALOG_ID_?”

These  variables  are  used  when  running  the  load  generator  on  several 
concurrent processes but to the same remote host, MGW. The variables are 
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Illustration 13: Global Parameter file.

LOCAL_MGW_HOST: 127.0.0.1
LOCAL_MGW_SIP_HOST: lmgw@127.0.0.1
MGC_HOST: 127.0.0.1
MGC_SIP_HOST: mgc@127.0.0.1
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then incremented to avoid the simulated  MGW thinking this  is  a  resent 
message, for example an re-invite to the same dialog.

● “TRANSACTION_ID_?”

These variables exist for the same reason as for dialogs.

● “CSEQ_INVITE”

This variable exist because when the SIP stack is getting an ACK message 
it could not decide to which dialog this ACK should belong.  The SIP stack 
does not separate INVITE transaction by its dialog id, therefore we needed 
to help it a little bit by making sure that the CSEQ number was unique.

During the packet definition section new packets are started by the phrase “RECV” 
or “SEND” and terminated by the sequence “END.”. Anything not between these 
keywords will be ignored and can be considered comments. A packet defined with 
the “RECV” keyword means that the load tester should expect to receive a packet 
and a packet defined by the “SEND” keyword means that the load tester should 
send the packet defined therein.
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Illustration 14: File containing a test case.

MGC_TAG: 123aa9
REG_BRANCH: z9hG4bK[A-Za-z0-9]+
REG_TAG: [a-zA-Z0-9]+
REG_CALL_ID: [0-9]+@[0-9]{1-3}(\.[0-9]{1-3}){3}

#PACKET 1
RECV
NOTIFY sip:%MGC_SIP_HOST% SIP/2.0
Via:SIP/2.0/UDP %LOCAL_MGW_HOST%;branch=$VAR_BRANCH:(%REG_BRANCH%)
From: <sip:%LOCAL_MGW_SIP_HOST%>;tag=$VAR_TAG:(%REG_TAG%)
To: <sip:%MGC_SIP_HOST%>
Call-ID: $VAR_CALL_ID:(%REG_CALL_ID%)
CSeq: $VAR_CSEQ:([0-9]+) NOTIFY
Contact: <sip:%LOCAL_MGW_HOST%>
Event: bpe
Max-Forwards: [0-9]+
Content-Type: application/mgc+xml
Content-Length: %BODY_SIZE%

<?xml version="1.0"?>
<mgc xmlns="http://www.ericsson.se/mgc" version="1.0">
<context id="-">
<servicechange id="root" method="restart" reason="startup" 
address="55555" version="2" profile="resgw/1"/>
</context>
</mgc>
END.
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 5.4 Simulation Environment
The simulation was done by using three different computers, one simulating the 
MGW and two others simulating controllers  by running the load tester on each 
computer as several concurrent processes. This gave a good amount of traffic and 
enough load needed to get comparable data for both protocols. All three were using 
Erlang version 5.5.3,  the  operating system SunOS Release  5.8 Generic  and the 
hardware was a Sun Blade 1500 workstation with 2 GB of RAM.

All the tests and analysis were performed using the standard methods available via 
Erlang. Including the functionality provided by the “eprof” module to determine 
relative  execution  percentages  and  the  “now()”  function  capable  of  measuring 
microseconds,  although  such  accuracy  was  never  used  as  the  events  measured 
always lasted for at least several seconds, thereby eliminating any timing accuracy 
issues. 

 5.5 Simulation Results
All the simulations were done by running 1000 sequences concurrently on each 
process. The sequence contains 21 messages for SIGACO and 14 for H.248. They 
are shown in APPENDIX C. Every sequence is simulating a startup messages flow 
for an common phone call between two end users in an IMS system. The decision 
was made to only consider one side between the MGW and the MGC since the 
other one is very similar. The load was generated through an amount of concurrent 
processes which in the end gave the maximum sequence throughput for the MGW. 
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Illustration 15: Simulation environment.
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A decision was taken to use several computers as controllers to be able to load the 
MGW to its limit.

 5.5.1 SIGACO MGW
The  following  result  was  given  when  loading  the  SIGACO  MGW  with  its 
corresponding sequence of messages.
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Illustration 16: Simulation results from loading the SIGACO by a single 
machine running an escalating number of concurrent processes.
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Table 2: SIGACO: load generated from one controlling client.

Processes Running time (sec) Sequences / sec
1 50,8 19,7
2 68,6 29,2
3 96,4 31,1
4 122,5 32,7
5 148,7 33,6
6 176,4 34,0
7 210,7 33,2
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By loading the MGW from two computers, a maximum sequence throughput was 
reached  at  51.3 sequences  per  seconds.  The maximum throughput  was  reached 
when  running  a  total  of  eight  concurrent  processes  four  from each  of  the  two 
controlling  computers.  When  loading  it  even  more  the  MGW was  not  able  to 
answer the loading concurrent processes before a five second socket timeout was 
reached. The total amount of bytes per sequence was 9429 bytes which gives an 
average message size of 449 bytes. The average bandwidth used was almost 3.9 
megabits per second.
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Illustration 17: Simulation results from loading the SIGACO by two machine 
running an escalating number of concurrent processes.
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Table 3: SIGACO: load generated from two controlling clients.

Processes Running time (sec) Sequences/sec
1 + 1 46.4 43.1
2 + 2 80.7 49.6
3 + 3 118.4 50.7
4 + 4 156.1 51.3
5 + 5 226.9 44.1
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 5.5.2 H.248 MGW
The  following  result  was  collected  when  loading  the  H.248  MGW  with  its 
corresponding sequence of messages for the same communication startup.
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Table 4: H.248: : load generated from one controlling client.

Processes Running time (sec) Sequences / sec
1 13,7 72,9
2 19,1 105,0
3 23,5 127,7
4 29,5 135,7
5 36,1 138,6
6 41,6 144,2
7 48,5 144,3
8 54,7 146,2

Illustration 18: Simulation results from loading the H.248 by a single machine 
running an escalating number of concurrent processes.
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By loading the  H.248 MGW by the  same way we manage  to get  a  maximum 
sequence throughput of 224.3 sequence per seconds. The total amount of bytes sent 
for a sequence is 3184 bytes. This gives a average message size of 227 bytes per 
message and a bandwidth throughput of 5.7 megabits per second.

 5.6 Profiling
In order to get information about where the SIGACO MGW was spending its time 
the Erlang command “total_analyze” was used, which is a function in the “eprof” 
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Illustration 19: Simulation results from loading the H.248 by two machine 
running an escalating number of concurrent processes.
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Table 5:  H.248 load generated from two controlling clients.

Processes Running time (sec) Sequences / sec
1 + 1 12.2 163.5
2 + 2 19.5 205.0
3 + 3 28.0 214.3
4 + 4 36.3 220.3
5 + 5 44.9 222.7
6 + 6 54.1 221.8
7 + 7 62.4 224.3
8 + 8 72.1 221.9
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module. This gives information about which functions are called the most and also 
the relative execution time percentages. The table below shows the relatively most 
time consuming functions when the load was 200 sequences. See APPENDIX B for 
the complete list. 

Some functions are limited  to single  modules and can be easily attributed as a 
measurement  of  the  performance  of  that  specific  module.  For  example  the 
“sip_decode:sip_token/1” is only used in the SIP stack when decoding an incoming 
message and which was called 314092 times for these 200 sequences. This gave it a 
relative  execution  percentage  of  6  %.  Functions  like  “string:tokens2/4”  and 
“lists:reverse/1” are called in several part of the MGW and need more extensive 
profiling in order to determine which specific module they belong to.

The following parts of the MGW were targets for extended profiling.

i. “Data - > XML scanner”

ii. “XML -> H.248 decoder”

Data -> XML scanner
The XML scanner was benchmarked with load from 200 sequences and gave the 
following profile information.
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Table 6: SIGACO: load was 200 sequences from a single client running a single 
process.

Function Calls Relative Execution Time
string:tokens2/4 492000 11,00%
sip_decode:skip_token/1 314092 6,00%
lists:member/2 540807 4,00%
lists:reverse/1 259400 4,00%
sip_decode:lc/2 250200 3,00%
sip_decode:skip_int/1 245800 3,00%
mgw_xml_scan:scan_xml_element/5 192200 2,00%
mgw_xml_scan:scan_xml_text/5 132000 2,00%
sip_decode:get_int/2 66200 2,00%
sip_decode:skip_word/1 61600 2,00%
string:tokens1/3 80600 2,00%
sip_decode:get_string/2 79200 2,00%
sip_decode:skip_ws/1 140400 2,00%
sip_decode:skip_userinfo/1 55000 1,00%
sip_deocde:skip_get_int/3 40800 1,00%
lists:reverse/2 134101 1,00%
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Data -> XML scanner and XML - > H.248 decoder

Taking the differences from these two tables gives the information about how many 
calls that where made for same functions for the XML -> H.248 decoder.

Taken all of these profiling tables in consideration, an approximation can be done 
regarding where the MGW is spending its execution time.
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Table 7: Profile information from XML scanner used in SIGACO MGW.

Function Calls Relative Execution Time
string:tokens2/4 354000 50,00%
lists:member/2 390000 21,00%
lists:reverse/1 141600 14,00%
string:tokens1/3 63200 8,00%
lists:reverse/2 65800 4,00%
string:tokens/2 27200 2,00%
benchmark_mgw:benchmark/3 1400 1,00%

Table 8: Profile information from XML scanner and H.248 decoder used in  
SIGACO MGW.

Function Calls Relative Execution Time
string:tokens2/4 465600 52,00%
lists:member/2 506800 21,00%
lists:reverse/1 159000 12,00%
string:tokens1/3 71000 8,00%
lists:reverse/2 65800 4,00%
string:tokens/2 27200 2,00%
benchmark_mgw:benchmark/3 1400 1,00%

Table 9: Profile information from XML -> H.248 
decoder used in SIGACO MGW.

Function Calls
string:tokens2/4 111600
lists:member/2 116800
lists:reverse/1 17400
string:tokens1/3 7800
lists:reverse/2 5200
string:tokens/2 2600
benchmark_mgw:benchmark/3 0
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The profiling information given in APPENDIX B are only 75 % of total execution 
time since all the other functions that have relative execution percentages of less 
than one percent are not listed. Taking that in consideration with the statement that 
all the other functions not in the list are called evenly between these four profiled 
parts of the MGW the following approximation can be done.

A big  portion  of  the  execution  time  is  spent  in  the  SIP  decoder  decoding  the 
incoming sip headers. The XML scanner which takes the body given by the SIP 
decoder and decodes it to an internal XML representation is the next most time 
consuming part. This is not surprising since both of them handle chunks of data that 
needs to be validated and parsed into a binary internal Erlang record format. The 
only optimization that has been done was to implement a specific XML scanner 
supporting only the needed XML. Other than that no code optimization has been 
done.  The XML scanner  can probably be  optimized further  by using less  time 
consuming  functions.  As  previously  noted  the  SIP  stack  was  heavily  in 
development and the performance is therefore not ideal.

 6 Conclusions
While researching the existing technologies involved in the IMS architecture and 
more specifically the ones within the focal point of this thesis it became clear that 
there was a lack of interest in developing and researching similar replacements. It 
would seem that the industry is content with the current status of gateway control 
protocols and standards. While we do attempt to create a protocol that creates a 
more  homogenized  protocol  environment  within  the  IMS  architecture  by 
attempting to remove one of the few non-SIP based communication channels, there 
are few benefits beyond this homogenization.
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Table 11: Relative amount of execution time spend in different  
parts of the SIGACO MGW.

Profile base 100,00%
SIP decoder 44%
XML scanner 29%

5%
SIP encoder 4%
Megaco decoder

Table 10: Relative amount of execution time spend in different  
parts of the SIGACO MGW.

Profile base 75,00%
SIP decoder 33,00%
XML scanner 22,04%

3,82%
SIP encoder 3,00%
Megaco decoder
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We have examined the characteristics of a protocol which adheres to the spirit of 
SIP and the various extensions that standardization organizations have created and 
tested  what  the  characteristics  of  such  a  protocol  would  be  like.  Within  the 
environment  we  created  we  have  shown  that  the  protocol  would  be  both 
significantly more expensive bandwidth wise and also slower.

While the characteristics of a protocol like the one examined in this thesis may be 
disappointing it is always important to examine alternate methods. The advantages 
that  would  come  from  using  this  type  of  protocol  is  having  a  homogeneous 
environment which allows for easier routing throughout the network and the fact 
that SIP is actively extended and has this extensibility built into the protocol so 
developing new features would be possible which makes for a less static protocol.

SIP  is  a  protocol  that  is  rapidly  spreading  throughout  the  telecommunication 
industry and is therefore getting significant attention from many major companies, 
therefore it may represent a standard that will not stagnate in a foreseeable future. 
However the advantages of flexibility and activity may be minor in comparison to 
the downsides if one is working in a performance intensive environment where the 
number of calls per second is critical and that requirement exceeds the performance 
demonstrated in this thesis.

The implementation presented must be seen as an early prototype and there is no 
question  further  optimizations  by more  experienced  Erlang programmers  would 
yield better results. The production level code of the H.248 modules in Erlang has a 
speed advantage of almost 400%. Whether the speed of this module is critical or 
not  is  application  specific.  We  remain  convinced  that  there  are  additional 
optimizations that can be done and the most likely target in our setup is the early 
development  version of  the  SIP stack  followed by the  XML parser.  They both 
represent major bottlenecks in our case.

Throughput  can also be addressed by targeting the message size,  which largely 
depends on the size of the SIP header. Unfortunately the SIP header may not be 
easy to reduce in size until there is a widely accepted standard for smaller field 
sizes,  both for names and values.  However the XML body may be compressed 
using the effective XML encoding drafts currently being discussed [EXML].
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Appendix A: Body XML schema
The  following  scheme represent  what  kind  of  XML tags,  H.248  functions  and 
parameters we are supporting and how they are represented in our XML format.

<?xml version="1.0"?>

<xs:schema xmlns:xs="http://www.w3.org/2001/XMLSchema"

targetNamespace="http://www.test.se"

xmlns="http://www.test.se"

elementFormDefault="qualified">

<xs:simpleType name="contextId">

<xs:union>

<xs:simpleType>

<xs:restriction base="xs:string">

<xs:enumeration value="*"/>

<xs:enumeration value="$"/>

<xs:enumeration value="-"/>

</xs:restriction>

</xs:simpleType>

<xs:simpleType>

<xs:restriction base="xs:unsignedInteger" />

</xs:simpleType>

</xs:union>

</xs:simpleType>

<xs:complexType name="param">

<xs:simpleContent>

<xs:extension base="xs:string">

<xs:attribute name="name" type="xs:string" use="required"/>

</xs:extension>

</xs:simpleContent>

</xs:complexType>
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<xs:complexType name="media">

<xs:all>

<xs:element name="stream">

<xs:complexType>

<xs:sequence>

<xs:element name="local" type="xs:string" minOccurs="0"/>

<xs:element name="remote" type="xs:string" minOccurs="0"/>

<xs:element name="control" minOccurs="0">

<xs:complexType>

<xs:sequence>

<xs:element 

name="param"

type="param" 

minOccurs="0" 

maxOccurs="unbounded"/>

</xs:sequence>

<xs:attribute name="mode">

<xs:simpleType>

<xs:restriction base="xs:string">

<xs:enumeration value="ReceiveOnly"/>

<xs:enumeration value="SendOnly"/>

<xs:enumeration value="SendRecv"/>

<xs:enumeration value="Inactive"/>

<xs:enumeration value="LoopBack"/>

</xs:restriction>

</xs:simpleType>

</xs:attribute>

</xs:complexType>

</xs:element>

</xs:sequence>

<xs:attribute name="id" type="xs:unsignedShort" 
use="required"/>

</xs:complexType>
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</xs:element>

</xs:all>

</xs:complexType>

<xs:complexType name="pkgName">

<xs:simpleContent>

<xs:restriction base="xs:string">

<xs:pattern value="[A-Za-z0-9_]+/[A-Za-z0-9_]+"/>

<xs:pattern value="[A-Za-z9-9_]+/\*"/>

<xs:enumeration value="\*/\*"/>

</xs:restriction>

</xs:simpleContent>

</xs:complexType>

<xs:complexType name="signals">

<xs:sequence>

<xs:element name="signal" maxOccurs="unbounded">

<xs:complexType>

<xs:sequence>

<xs:element name="param" type="param" minOccurs="0" 
maxOccurs="unbounded"/>

</xs:sequence>

<xs:attribute name="duration" type="xs:duration"/>

<xs:attribute name="id" use="required" type="pkgName"/>

<xs:attribute name="keepactive" type="xs:boolean"/>

<xs:attribute name="notify" type="xs:boolean"/>

<xs:attribute name="stream" type="xs:unsignedShort"/>

<xs:attribute name="type">

<xs:simpleType>

<xs:restriction base="xs:string">

<xs:enumeration value="on/off"/>

<xs:enumeration value="timeout"/>

<xs:enumeration value="brief"/>
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</xs:restriction>

</xs:simpleType>

</xs:attribute>

</xs:complexType>

</xs:element>

</xs:sequence>

<xs:attribute name="id" type="xs:unsignedShort" 
use="required"/>

</xs:complexType>

<xs:complexType name="events">

<xs:sequence>

<xs:element name="event" maxOccurs="unbounded">

<xs:complexType>

<xs:sequence>

<xs:element 

name="param" 

type="param" 

minOccurs="0" 

maxOccurs="unbounded"/>

</xs:sequence>

<xs:attribute name="id" type="pkgName" use="required"/>

</xs:complexType>

</xs:element>

</xs:sequence>

<xs:attribute name="id" type="xs:unsignedInteger" 
use="required"/>

</xs:complexType>

<xs:complexType name="digitmap">

<xs:simpleContent>

<xs:extension base="xs:string">

<xs:attribute name="name" type="xs:string" use="required"/>
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</xs:extension>

</xs:simpleContent>

</xs:complexType>

<xs:complexType name="addmovmod">

<xs:sequence>

<xs:element 

name="digitmap"

type="digitmap" 

minOccurs="0" 

maxOccurs="unbounded"/>

<xs:element 

name="events" 

type="events" 

minOccurs="0" 

maxOccurs="unbounded"/>

<xs:element 

name="media" 

type="media" 

minOccurs="0" 

maxOccurs="unbounded"/>

<xs:element 

name="signals" 

type="signals" 

minOccurs="0" 

maxOccurs="unbounded"/>

</xs:sequence>

<xs:attribute name="id" type="xs:string" use="required"/>

</xs:complexType>

<xs:element name="mgc">

<xs:complexType>
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<xs:sequence>

<xs:element name="context" maxOccurs="unbounded">

<xs:complexType>

<xs:sequence>

<xs:element 

name="add" 

type="addmovmod" 

minOccurs="0" 

maxOccurs="unbounded"/>

<xs:element 

name="modify" 

type="addmovmod" 

minOccurs="0" 

maxOccurs="unbounded"/>

<xs:element 

name="subtract" 

minOccurs="0" 

maxOccurs="unbounded">

<xs:complexType>

<xs:attribute name="id" type="xs:string" use="required"/>

</xs:complexType>

</xs:element>

<xs:element 

name="notify" 

minOccurs="0" 

maxOccurs="unbounded">

<xs:complexType>

<xs:sequence>

<xs:element 

name="events" 
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type="events" 

maxOccurs="unbounded"/>

</xs:sequence>

<xs:attribute name="id" type="xs:string" use="required"/>

</xs:complexType>

</xs:element>

<xs:element

name="servicechange"

minOccurs="0"

maxOccurs="unbounded">

<xs:complexType>

<xs:attribute name="address" type="xs:string"/>

<xs:attribute name="delay" type="xs:duration"/>

<xs:attribute name="id" type="xs:string" use="required"/>

<xs:attribute name="method" use="required">

<xs:simpleType>

<xs:restriction base="xs:string">

<xs:enumeration value="graceful"/>

<xs:enumeration value="forced"/>

<xs:enumeration value="restart"/>

<xs:enumeration value="disconnected"/>

<xs:enumeration value="handoff"/>

<xs:enumeration value="failover"/>

</xs:restriction>

</xs:simpleType>

</xs:attribute>

<xs:attribute name="mgcid" type="xs:string"/>

<xs:attribute name="profile" type="xs:string"/>

<xs:attribute name="reason" type="xs:string"/>

<xs:attribute name="time" type="xs:dateTime"/>

<xs:attribute name="version" type="xs:string"/>

</xs:complexType>

74



Conceptualizing SIP Based Gateway Control

</xs:element>

</xs:sequence>

<xs:attribute name="id" type="contextId" use="required"/>

</xs:complexType>

</xs:element>

</xs:sequence>

</xs:complexType>

</xs:element>

</xs:schema>
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Appendix B: Profiling information

76

The whole MGW
Function Calls Relative Execution Time

string:tokens2/4 492000 11,00%
sip_decode:skip_token/1 314092 6,00%
lists:member/2 540807 4,00%
lists:reverse/1 259400 4,00%

250200 3,00%
sip_decode:skip_int/1 245800 3,00%

192200 2,00%
132000 2,00%

sip_decode:get_int/2 66200 2,00%
sip_decode:skip_word/1 61600 2,00%
string:tokens1/3 80600 2,00%
sip_decode:get_string/2 79200 2,00%

140400 2,00%
55000 1,00%
40800 1,00%

lists:reverse/2 134101 1,00%
20400 1,00%

lists:map/2 64400 1,00%
6410 1,00%
18200 1,00%

sip_encode:to_upper/1 72400 1,00%
110200 1,00%
22800 1,00%
8000 1,00%
54600 1,00%
95213 1,00%

sip_decode:get_item/2 40000 1,00%
sip_decode:skip_get_key/1 18200 1,00%

37800 1,00%
2000 1,00%

1,00%

sip_decode:lc/2

mgw_xml_scan:scan_xml_element/5
mgw_xml_scan:scan_xml_text/5

sip_decode:skip_ws/1 
sip_decode:skip_userinfo/1
sip_deocde:skip_get_int/3

sip_decode:decode_hdrs/2

erlang:port_control/3
sip_decode:hdr/3 

mgw_xml_scan:crlf_to_lf/2
sip_encode:'-encode_hdrs/1-fun-1-'/2
sip_decode:skip_get_sip_uri/1
mgw_xml_scan:scan_xml_element_name/2
erlang:setelement/3

sip_decode:get_lc_string/2
erlang:port_command/2
sip_decode:lc/1  37800 
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sip_encode:pp_key1/2 79600 1,00%
sip_decode:get_int/4 40800 1,00%
lists:mapfoldl/3 24800 1,00%
erlang:list_to_integer/1 82000 1,00%
erlang:list_to_atom/1 35200 1,00%
erlang:binary_to_list/3 79200 1,00%
sip_decode:skip_get_ipv4address/1 10200 1,00%
sip_decode:skip_HCOLON/1 18200 1,00%
mgw_xml_scan:create_attributes/3 18200 1,00%
ets:lookup/2 17405 1,00%
lists:flatmap/2 19200 1,00%
sip_decode:skip_get_parameters/3 21200 1,00%
Total amount listed 75,00%
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Appendix C: Test messages
SIGACO messages
MGC_TAG: 123aa9

REG_BRANCH: z9hG4bK[a-zA-Z0-9]+

REG_TAG: [a-zA-Z0-9]+

REG_CALL_ID: [0-9]+@[0-9]{1-3}(\.[0-9]{1-3}){3}

#PACKET 3

SEND

SUBSCRIBE sip:%LOCAL_MGW_SIP_HOST% SIP/2.0

Via: SIP/2.0/UDP %MGC_HOST%;branch=z9hG4bK%TRANSACTION_ID_A%

From: <sip:%MGC_SIP_HOST%>;tag=123aa9

To: <sip:%LOCAL_MGW_SIP_HOST%>

Call-ID: %DIALOG_ID_INITIAL%@%MGC_HOST%

CSeq: 1 SUBSCRIBE

Contact: <sip:%MGC_SIP_HOST%>

Event: bpe

Max-Forwards: 70

Content-Type: application/mgc+xml

Content-Length: %BODY_SIZE%

<?xml version="1.0"?>

<mgc xmlns="http://www.ericsson.se/mgc" version="1.0">

<context id="-">

<modify id="a4444">

<events id="2222">

<event id="al/of">

<param name="strict">state</param>

</event>

</events>

</modify>
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</context>

</mgc>

END.

#PACKET 4

RECV

SIP/2.0 200 OK

Via: SIP/2.0/UDP %MGC_HOST%;branch=z9hG4bK%TRANSACTION_ID_A%

From: <sip:%MGC_SIP_HOST%>;tag=123aa9

To: <sip:%LOCAL_MGW_SIP_HOST%>

Call-ID: %DIALOG_ID_INITIAL%@%MGC_HOST%

CSeq: 1 SUBSCRIBE

Contact: <sip:%LOCAL_MGW_HOST%>

Content-Length: 0

END.

#PACKET 5

RECV

NOTIFY sip:%MGC_SIP_HOST% SIP/2.0

Via: SIP/2.0/UDP 
%LOCAL_MGW_HOST%;branch=$VAR_BRANCH:(%REG_BRANCH%)

From: <sip:%LOCAL_MGW_SIP_HOST%>

To: <sip:%MGC_SIP_HOST%>;tag=123aa9

Call-ID: %DIALOG_ID_INITIAL%@%MGC_HOST%

CSeq: $VAR_CSEQ:([0-9]+) NOTIFY

Contact: <sip:%LOCAL_MGW_HOST%>

Event: bpe

Max-Forwards: [0-9]+

Content-Type: application/mgc\+xml

Content-Length: %BODY_SIZE%

END.
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#PACKET 6

SEND

SIP/2.0 200 OK

Via: SIP/2.0/UDP %LOCAL_MGW_HOST%;branch=%VAR_BRANCH%

From: <sip:%LOCAL_MGW_SIP_HOST%>

To: <sip:%MGC_SIP_HOST%>;tag=123aa9

Call-ID: %DIALOG_ID_INITIAL%@%MGC_HOST%

CSeq: %VAR_CSEQ% NOTIFY

Contact: <sip:%MGC_HOST%>

Content-Length: 0

END.

#PACKET 7

SEND

INVITE sip:%LOCAL_MGW_SIP_HOST% SIP/2.0

Via: SIP/2.0/UDP %MGC_HOST%;branch=z9hG4bK%TRANSACTION_ID_B%

From: <sip:%MGC_SIP_HOST%>;tag=123aa9

To: <sip:%LOCAL_MGW_SIP_HOST%>

Call-ID: %DIALOG_ID%@%MGC_HOST%

CSeq: %INVITE_CSEQ% INVITE

Contact: <sip:%MGC_SIP_HOST%>

Max-Forwards: 70

Content-Type: application/mgc+xml

Content-Length: %BODY_SIZE%

<?xml version="1.0"?>

<mgc xmlns="http://www.ericsson.se/mgc" version="1.0">

<context id="-">

<modify id="a4444">

<media>

<stream id="1">
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<control mode="SendReceive">

<param name="tdmc/gain">2</param>

<param name="tdmc/ec">on</param>

</control>

</stream>

</media>

</modify>

</context>

</mgc>

END.

#PACKET 8

RECV

SIP/2.0 200 OK

Via: SIP/2.0/UDP %MGC_HOST%;branch=z9hG4bK%TRANSACTION_ID_B%

From: <sip:%MGC_SIP_HOST%>;tag=123aa9

To: <sip:%LOCAL_MGW_SIP_HOST%>

Call-ID: %DIALOG_ID%@%MGC_HOST%

CSeq: %INVITE_CSEQ% INVITE

Contact: <sip:%LOCAL_MGW_HOST%>

Content-Length: 0

END.

#PACKET 9

RECV

NOTIFY sip:%MGC_SIP_HOST% SIP/2.0

Via: SIP/2.0/UDP 
%LOCAL_MGW_HOST%;branch=$VAR_BRANCH:(%REG_BRANCH%)

From: <sip:%LOCAL_MGW_SIP_HOST%>

To: <sip:%MGC_SIP_HOST%>;tag=123aa9

Call-ID: %DIALOG_ID_INITIAL%@%MGC_HOST%

CSeq:  $VAR_CSEQ:([0-9]+) NOTIFY
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Contact: <sip:%LOCAL_MGW_HOST%>

Event: bpe

Max-Forwards: [0-9]+

Content-Type: application/mgc\+xml

Content-Length: %BODY_SIZE%

<?xml version="1.0"?>

<mgc xmlns="http://www.ericsson.se/mgc" version="1.0">

<context id="-">

<notify id="a4444">

<events id="2222">

<event id="al/of" time="19990729T22000000">

<param name="init">false</param>

</event>

</events>

</notify>

</context>

</mgc>

END.

#PACKET 10

SEND

SIP/2.0 200 OK

Via: SIP/2.0/UDP %MGC_HOST%;branch=%VAR_BRANCH%

From: <sip:%LOCAL_MGW_HOST%>

To: <sip:%MGC_SIP_HOST%>;tag=123aa9

Call-ID: %DIALOG_ID_INITIAL%@%MGC_HOST%

CSeq: %VAR_CSEQ% NOTIFY

Contact: <sip:%MGC_HOST%>

Content-Length: 0

END.
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#PACKET 11

SEND

SUBSCRIBE sip:%LOCAL_MGW_SIP_HOST% SIP/2.0

Via: SIP/2.0/UDP %MGC_HOST%;branch=z9hG4bK%TRANSACTION_ID_C%

From: <sip:%MGC_SIP_HOST%>;tag=123aa9

To: <sip:%LOCAL_MGW_SIP_HOST%>

Call-ID: %DIALOG_ID%@%MGC_HOST%

CSeq: 3 SUBSCRIBE

Contact: <sip:%MGC_SIP_HOST%>

Max-Forwards: 70

Content-Type: application/mgc+xml

Content-Length: %BODY_SIZE%

<?xml version="1.0"?>

<mgc xmlns="http://www.ericsson.se/mgc" version="1.0">

<context id="-">

<modify id="a4444">

<events id="2223">

<event id="al/on">

<param name="strict">state</param>

</event>

<event id="dd/ce">

<digitmap id="dialplan0"/>

</event>

</events>

</modify>

</context>

</mgc>

END.

#PACKET 12

RECV

SIP/2.0 200 OK
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Via: SIP/2.0/UDP %MGC_HOST%;branch=z9hG4bK%TRANSACTION_ID_C%

From: <sip:%MGC_SIP_HOST%>;tag=123aa9

To: <sip:%LOCAL_MGW_SIP_HOST%>

Call-ID: %DIALOG_ID%@%MGC_HOST%

CSeq: 3 SUBSCRIBE

Contact: <sip:%LOCAL_MGW_HOST%>

Content-Length: 0

END.

#PACKET 13

RECV

NOTIFY sip:%MGC_SIP_HOST% SIP/2.0

Via: SIP/2.0/UDP 
%LOCAL_MGW_HOST%;branch=$VAR_BRANCH:(%REG_BRANCH%)

From: <sip:%LOCAL_MGW_SIP_HOST%>

To: <sip:%MGC_SIP_HOST%>;tag=123aa9

Call-ID: %DIALOG_ID%@%MGC_HOST%

CSeq: $VAR_CSEQ:([0-9]+) NOTIFY

Contact: <sip:%LOCAL_MGW_HOST%>

Event: bpe

Max-Forwards: [0-9]+

Content-Type: application/mgc\+xml

Content-Length: %BODY_SIZE%

END.

#PACKET 14

SEND

SIP/2.0 200 OK

Via: SIP/2.0/UDP %LOCAL_MGW_HOST%;branch=%VAR_BRANCH%

From: <sip:%LOCAL_MGW_SIP_HOST%>;tag=123aa9

To: <sip:%MGC_SIP_HOST%>
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Call-ID: %DIALOG_ID%@%MGC_HOST%

CSeq: %VAR_CSEQ% NOTIFY

Contact: <sip:%MGC_HOST%>

Content-Length: %BODY_SIZE%

END.

#PACKET 15

SEND

UPDATE sip:%LOCAL_MGW_SIP_HOST% SIP/2.0

Via: SIP/2.0/UDP %MGC_HOST%;branch=z9hG4bK%TRANSACTION_ID_D%

From: <sip:%MGC_SIP_HOST%>;tag=123aa9

To: <sip:%LOCAL_MGW_SIP_HOST%>

Call-ID: %DIALOG_ID%@%MGC_HOST%

CSeq: 4 UPDATE

Contact: <sip:%MGC_HOST%>

Max-Forwards: 70

Content-Type: application/mgc+xml

Content-Length: %BODY_SIZE%

<?xml version="1.0"?>

<mgc xmlns="http://www.ericsson.se/mgc" version="1.0">

<context id="-">

<modify id="a4444">

<signals>

<signal id="cg/dt"/>

</signals>

<digitmap id="dialplan0">

(0| 00|[1-7]xxx|8xxxxxxx|Fxxxxxxx|Exx|91xxxxxxxxxx|9011x.)

</digitmap>

</modify>

</context>

</mgc>
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END.

#PACKET 16

RECV

SIP/2.0 200 OK

Via: SIP/2.0/UDP %MGC_HOST%;branch=z9hG4bK%TRANSACTION_ID_D%

From: <sip:%MGC_SIP_HOST%>;tag=123aa9

To: <sip:%LOCAL_MGW_SIP_HOST%>

Call-ID: %DIALOG_ID%@%MGC_HOST%

CSeq: 4 UPDATE

Contact: <sip:%LOCAL_MGW_HOST%>

Content-Length: 0

END.

#PACKET 17

RECV

NOTIFY sip:%MGC_SIP_HOST% SIP/2.0

Via: SIP/2.0/UDP 
%LOCAL_MGW_HOST%;branch=$VAR_BRANCH:(%REG_BRANCH%)

From: <sip:%LOCAL_MGW_SIP_HOST%>

To: <sip:%MGC_SIP_HOST%>;tag=123aa9

Call-ID: %DIALOG_ID%@%MGC_HOST%

CSeq: $VAR_CSEQ:([0-9]+) NOTIFY

Contact: <sip:%LOCAL_MGW_HOST%>

Event: bpe

Max-Forwards: [0-9]+

Content-Type: application/mgc\+xml

Content-Length: %BODY_SIZE%

<?xml version="1.0"?>

<mgc xmlns="http://www.ericsson.se/mgc" version="1.0">

<context id="-">
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<notify id="a4444">

<events id="2223">

<event id="dd/ce" time="19990729T22010001">

<param name="ds">916135551212</param>

<param name="meth">um</param>

</event>

</events>

</notify>

</context>

</mgc>

END.

#PACKET 18

SEND

SIP/2.0 200 OK

Via: SIP/2.0/UDP %LOCAL_MGW_HOST%;branch=%VAR_BRANCH%

From: <sip:%LOCAL_MGW_SIP_HOST%>

To: <sip:%MGC_SIP_HOST%>;tag=123aa9

Call-ID: %DIALOG_ID%@%MGC_HOST%

CSeq: %VAR_CSEQ% NOTIFY

Contact: <sip:%MGC_HOST%>

Content-Length: %BODY_SIZE%

END.

#PACKET 19

SEND

UPDATE sip:%LOCAL_MGW_SIP_HOST% SIP/2.0

Via: SIP/2.0/UDP %MGC_HOST%;branch=z9hG4bK%TRANSACTION_ID_E%

From: <sip:%MGC_SIP_HOST%>;tag=123aa9

To: <sip:%LOCAL_MGW_SIP_HOST%>

Call-ID: %DIALOG_ID%@%MGC_HOST%
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CSeq: 5 UPDATE

Contact: <sip:%MGC_HOST%>

Max-Forwards: 70

Content-Type: application/mgc+xml

Content-Length: %BODY_SIZE%

<?xml version="1.0"?>

<mgc xmlns="http://www.ericsson.se/mgc" version="1.0">

<context id="$">

<add id="a4444"/>

<add id="$">

<media>

<stream id="1">

<control mode="ReceiveOnly">

<param name="nt/jit">40</param>

</control>

<local>

v=0                               

c=IN IP4 $                               

m=audio $ RTP/AVP 4

a=ptime:30

v=0                               

c=IN IP4 $                               

m=audio $ RTP/AVP 0

</local>

</stream>

</media>

</add>

</context>

</mgc>

END.

#PACKET 20
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RECV

SIP/2.0 200 OK

Via: SIP/2.0/UDP %MGC_HOST%;branch=z9hG4bK%TRANSACTION_ID_E%

From: <sip:%MGC_SIP_HOST%>;tag=123aa9

To: <sip:%LOCAL_MGW_SIP_HOST%>

Call-ID: %DIALOG_ID%@%MGC_HOST%

CSeq: 5 UPDATE

Contact: <sip:%LOCAL_MGW_HOST%>

Content-Length: %BODY_SIZE%

<?xml version="1.0"?>

<mgc xmlns="http://www.ericsson.se/mgc" version="1.0">

<context id="2000">

<add id="a4444"/>

<add id="a4445">

<media>

<stream id="1">

<local>

v=0

o=- 2890844526 2890842807 IN IP4 124.124.124.222

s=-

t= 0 0

c=IN IP4 124.124.124.222

m=audio 2222 RTP/AVP 4

a=ptime:30

a=recvonly

</local>

</stream>

</media>

</add>

</context>

</mgc>

END.
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#PACKET 27

SEND

UPDATE sip:%LOCAL_MGW_SIP_HOST% SIP/2.0

Via: SIP/2.0/UDP %MGC_HOST%;branch=z9hG4bK%TRANSACTION_ID_F%

From: <sip:%MGC_SIP_HOST%>;tag=123aa9

To: <sip:%LOCAL_MGW_SIP_HOST%>

Call-ID: %DIALOG_ID%@%MGC_HOST%

CSeq: 6 UPDATE

Contact: <sip:%MGC_HOST%>

Max-Forwards: 70

Content-Type: application/mgc+xml

Content-Length: %BODY_SIZE%

<?xml version="1.0"?>

<mgc xmlns="http://www.ericsson.se/mgc" version="1.0">

<context id="2000">

<modify id="a4444">

<signals>

<signal id="cg/rt"/>

</signals>

</modify>

<modify id="a4445">

<media>

<stream id="1">

<remote>

v=0

o=- 7736844526 7736842807 IN IP4 125.125.125.111

s=-

t= 0 0

c=IN IP4 125.125.125.111 

m=audio 1111 RTP/AVP 4

</remote>
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</stream>

</media>

</modify>

</context>

</mgc>

END.

#PACKET 28

RECV

SIP/2.0 200 OK

Via: SIP/2.0/UDP %MGC_HOST%;branch=z9hG4bK%TRANSACTION_ID_F%

From: <sip:%MGC_SIP_HOST%>;tag=123aa9

To: <sip:%LOCAL_MGW_SIP_HOST%>

Call-ID: %DIALOG_ID%@%MGC_HOST%

CSeq: 6 UPDATE

Contact: <sip:%LOCAL_MGW_HOST%>

Content-Length: %BODY_SIZE%

END.

#PACKET 29

SEND

ACK sip:%LOCAL_MGW_SIP_HOST% SIP/2.0

Via: SIP/2.0/UDP %MGC_HOST%;branch=z9hG4bK%TRANSACTION_ID_B%

From: <sip:%MGC_SIP_HOST%>;tag=123aa9

To: <sip:%LOCAL_MGW_SIP_HOST%>

Call-ID: %DIALOG_ID%@%MGC_HOST%

CSeq: %INVITE_CSEQ% INVITE

Contact: <sip:%MGC_HOST%>

Content-Type: application/mgc+xml

Content-Length: %BODY_SIZE%

END.
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H.248 messages
(3) MGC to MG1: 

SEND

MEGACO/1 [%MGC_IP%]:%MGC_PORT%

Transaction = %TRANSACTION_ID_A% { 

Context = - { 

Modify = a4444 { 

Media { Stream = 1 {  

LocalControl { 

Mode = SendReceive,  

tdmc/gain=2,  ; in dB,  

tdmc/ec=on 

} 

} 

}, 

Events = 2222 {al/of {strict=state}}          

} 

} 

}

END.

(6) MG1 to MGC: 

RECV

MEGACO/1 [%MGW_IP%]:%MGW_PORT%

Transaction = $VAR_TRANSACTION:([0-9]+) {

Context = - {

Notify = a4444 {

ObservedEvents = 2222 {

19990729T22000000:al/of {

init=false

}

}
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}

}

}END.

(4) MG1 to MGC: 

RECV

MEGACO/1 [%MGW_IP%]:%MGW_PORT%

Reply = %TRANSACTION_ID_A% {

Context = - {

Modify = a4444

}

}END.

(7) MGC to MG1: 

SEND

MEGACO/1 [%MGC_IP%]:%MGC_PORT%

Reply = %VAR_TRANSACTION% { 

Context = - {Notify = a4444} 

}

END.

(8) MGC to MG1:

SEND

MEGACO/1 [%MGC_IP%]:%MGC_PORT%

Transaction = %TRANSACTION_ID_B% { 

Context = - { 

Modify = a4444 { 

Events = 2223 { 

al/on{strict=state}, dd/ce {DigitMap=Dialplan0}            

}, 

Signals {cg/dt},  

DigitMap= Dialplan0{ 
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(0| 00|[1-7]xxx|8xxxxxxx|Fxxxxxxx|Exx|91xxxxxxxxxx|9011x.)}    

} 

} 

}  

END.

(10) MG1 to MGC: 

RECV

MEGACO/1 [%MGW_IP%]:%MGW_PORT%

Transaction = $VAR_TRANSACTION:([0-9]+) {

Context = - {

Notify = a4444 {

ObservedEvents = 2223 {

19990729T22010001:dd/ce {

ds=916135551212,

Meth=UM

}

}

}

}

}END.

(9) MG1 to MGC: 

RECV

MEGACO/1 [%MGW_IP%]:%MGW_PORT%

Reply = %TRANSACTION_ID_B% {

Context = - {

Modify = a4444

}

}END.
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(11) MGC to MG1: 

SEND

MEGACO/1 [%MGC_IP%]:%MGC_PORT%

Reply = %VAR_TRANSACTION% { 

Context = - {Notify = a4444} 

}

END.

(12) MGC to MG1: 

SEND

MEGACO/1 [%MGC_IP%]:%MGC_PORT%

Transaction = %TRANSACTION_ID_C% { 

Context = $ { 

Add = a4444,  

Add = $ { 

Media {  

Stream = 1 {  

LocalControl {                            

Mode = ReceiveOnly,  

nt/jit=40 ; in ms 

}, 

Local { 

v=0                                

c=IN IP4 $                                

m=audio $ RTP/AVP 4 

a=ptime:30 

v=0                                

c=IN IP4 $                                

m=audio $ RTP/AVP 0 

} 

} 

}     

} 
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} 

}

END.

(13) MG1 to MGC: 

RECV

MEGACO/1 [%MGW_IP%]:%MGW_PORT%

Reply = %TRANSACTION_ID_C% {

Context = 2000 {

Add = a4444,

Add = a4445 {

Media {

Stream = 1 {

Local { 

}

}

}

}

}

}END.

(16) MGC to MG1: 

SEND

MEGACO/1 [%MGC_IP%]:%MGC_PORT% 

Transaction = %TRANSACTION_ID_D% { 

Context = 2000 { 

Modify = A4444 { 

Signals {cg/rt} 

}, 

Modify = A4445 { 

Media {  

Stream = 1 {  

Remote { 
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v=0 

o=- 7736844526 7736842807 IN IP4 125.125.125.111 

s=- 

t= 00 

c=IN IP4 125.125.125.111  

m=audio 1111 RTP/AVP 4 

}  

} ; RTP profile for G.723.1 is 4 

} 

} 

} 

}

END.

(17) MG1 to MGC: 

RECV

MEGACO/1 [%MGW_IP%]:%MGW_PORT%

Reply = %TRANSACTION_ID_D% {

Context = - {

Modify = a4444,

Modify = a4445

}

}END.

(18) MGC to MG1: 

SEND

MEGACO/1 [%MGC_IP%]:%MGC_PORT%

Transaction = %TRANSACTION_ID_E% { 

Context = 2000 { 

Modify = a4445 { 

Media {  

Stream = 1 {  
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LocalControl { 

Mode=SendReceive 

}  

} 

} 

}, 

Modify = a4444 { 

Signals {cg/rt} 

}         

} 

}

END.

(19) MG1 to MGC: 

RECV

MEGACO/1 [%MGW_IP%]:%MGW_PORT%

Reply = %TRANSACTION_ID_E% {

Context = - {

Modify = a4444,

Modify = a4445

}

}END.
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