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1 Introduction

This subproject of AskoziaPBX was developed for executing performance and stress tests
on di�erent Askozia installations. It was written by Mark Stephan
(mark.stephan@askozia.com) during a job as a student assistant in Spring/Summer 2010.

It was designed to execute three di�erent test types in only one script call. The three
existing test types are �two-party-tests�, �conference-participants-test� and �conference-
rooms-test�. Of course, it is also possible to execute only one or two of these tests. They
are described in detail in chapters 3, 4 and 5.

1.1 Problem

The AskoziaPBX software can be downloaded as a �rmware image for embedded systems
and as a live cd. The live cd can be run on every normal computer, so the underlying
hardware may have very di�erent performance (e.g., the same software can handle three,
30 or 300 parallel two-way-calls, depending on the computer performance). For this reason,
we had to develop an algorithm to �nd out how capable the current Askozia box is.

1.2 Features

The current testsuite supports the following features:

� completely automated testing of one AskoziaPBX

� automatic con�guration of the AskoziaPBX installations with the needed settings

� three di�erent types of tests:

two-participants tests The testsuite establishes a variable number of A-to-B (or
end-to-end) calls between the AskoziaPBX installation and the system perform-
ing the test. This test simulates a variable number of normal telephone calls
between two parties.

conference rooms tests The testsuite establishes a variable number of conference
rooms on the AskoziaPBX installation. Each conference room has three partic-
ipants. This test simulates a variable number of three-way conferences on the
AskoziaPBX installation.

conference participants tests The testsuite establishes one conference with a vari-
able number of participants. This test simulates a conference with many many
participants.

� monitoring of the CPU load of the AskoziaPBX caused by the testcalls

� downloading the recorded CPU load data

� interpretation and creation of graphs of the testresults
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1.3 Usage

The script can be called from the command line as described below:

Listing 1: Script usage
./ PERF_TEST <options >

perl PERF_TEST <options >

./ PERF_TEST --local -ip =192.168.0.2

--askozia -ip =192.168.0.1

--max -two -party -test =30

(two -participants test with maximal 30 users)

./ PERF_TEST --local -ip =192.168.100.20

--askozia -ip =192.168.100.200

--max -conference -rooms -test =15

(conference rooms test with maximal 15 rooms)

./ PERF_TEST --local -ip =10.10.10.10

--askozia -ip =10.10.10.5

--max -conference -participants -test =40

(conference participants test with maximal 40 users)

./ PERF_TEST --local -ip =192.168.2.100

--askozia -ip =192.168.2.1

--max -two -party -test =30

--max -conference -rooms -test =15

--max -conference -participants -test =40

(executes all three different tests sequentially)

The script's parameters can be classi�ed in three sections: �Necessary�, �Optional� and
�Developers�. The �rst two groups are described below, the �Developers� parameters are
listed in the appendix. You have to be root to execute this script because sipp reserves
port for its connection to Askozia.

1.3.1 Necessary Parameters

--local-ip=<IP>

The IP-adress of the testcomputer that executes the testscript. <IP> stands for the
address of the network interface connected to the AskoziaPBX.
Default: unde�ned
Example: --local-ip=192.168.0.2

At least one of these three following parameters is necessary, too:

--max-two-party-test=<number> De�nes the maximum number of two-party calls that
should be established. The two-party test begins with one call, increases this number
of calls step-by-step and �nishes with the number of calls speci�ed by this parameter.
Default: unde�ned (no two-way tests)
Example: --max-two-party-test=30
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--max-conference-rooms-test=<number> De�nes the maximum number of three-way
conferences that should be established. The conference-rooms test begins with one
three-way conference, adds another one after a speci�c time and �nishes with the
number of three-way conferences set by this parameter.
Default: unde�ned (no conference rooms test)
Example: --max-conference-rooms-test=15

--max-conference-participants-test De�nes the maximum number of participants in
the conference-participants test. There is only one conference room which has only
one participant at beginning. Step-by-step, the number of participants is increased
up to the value of this parameter.
Default: unde�ned (no conference participants tests)
Example: --max-conference-participants-test=40

1.3.2 Optional Parameters

--askozia-ip=<IP>

The IP-address of the AskoziaPBX installation that is to be tested.
Default: 10.10.10.1
Example: --askozia-ip=192.168.0.1

--askozia-port=<number>

The number of the webport of the AskoziaPBX.
Default: 80
Example: --askozia-port=80

--askozia-user=<string>

Name of the administrator user of the AskoziaPBX webinterface.
Default: admin
Example: --askozia-user=admin

--askozia-pw=<string>

Password for the administrator user of the AskoziaPBX webinterface.
Default: askozia
Example: --askozia-pw=askozia

--testname=<string>

This parameter helps to keep your results directory uncluddered. All �les of the
current script call (all tests, debug �les etc.) are saved in the subdir
./results/<testname>_<timestamp>/. Furthermore, this testname is used for the
appliance title in the created graphs.
Default: unde�ned
E.g. --testname=Hugo
(saving of results in subdir ./results/Hugo_2010-01-01_1030/)
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--debug

Activates debug messages. Activates automatic saving of debug messages in �le
./results/<testname>_<timestamp>/debug.log, too. Testname is speci�ed by us-
ing the --testname parameter.
Default: unde�ned (no debug output)
Example: --debug

--save-sipp-log

The output generated by the testprogram sipp can be saved in a �le for debugging.
The path to the �le where the output is saved is
./results/<testname>_<timestamp>/sipp.log. Testname is speci�ed by using the
--testname parameter.
Default: unde�ned (output ignored)
Example: --save-sipp-log

--help

Displays a short help for using the testscript and exits immediatly.
Default: unde�ned (no help shown)
Example: --help

1.4 Dependencies

This script was developed under Linux Mint 8 Helena (http://www.linuxmint.com). It
is not possible to execute this script on Windows because there were many Linux speci�c
system commands (like kill, killall, which, date, id and ping) used.

The script has the following dependencies:

� Perl v5.10.0 (http://www.perl.org)

� gnuplot 4.2 patchlevel 5 (http://www.gnuplot.info)
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2 Automated Con�guration of the AskoziaPBX In-

stallation

This paragraph is about how the AskoziaPBX installations are automatically con�gured.
There is a complete con�guration �le in the appendix. First, the used con�guration �le
from Askozia is downloaded because the user should not have to recon�gure the whole box
including all accounts and the dialplan after every test. The target is to deliver the Askozia
box just like it was issued. So, there are three necessary steps which are described in the
next chapters.

Download configfile

Edit configfile
(Create users and conference-rooms)

Upload edited configfile

Execute tests (...)

Re-Upload original configfile

Figure 2.1: Process of editing the Askozia-con�guration �le

2.1 Downloading/Uploading Con�guration File

For downloading the con�guration �le, it is necessary to send a HTML POST request to
Askozia. The useragent has to be authenticated as root and the content type must be
�multipart/form-data�. For downloading the con�guration �le, the parameter �Download�
has to be set.
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In the performance test script, the following perl code is used to send this POST request:

Listing 2: POST request for downloading the con�guration �le
use HTTP:: Request :: Common;

use LWP;

my $ua = new LWP:: UserAgent;

$ua ->credentials (" $ask_ip:$ask_port",

$ask_realm , "$ask_user" => "$ask_pw ");

my $res = $ua ->request (POST

"http :// $ask_ip:$ask_port/$ask_conf_page",

"Content -Type" => "multipart/form -data",

Content => [ Download => "1"]);

After executing this request, the following data�ow is to be expected:

Testsuite AskoziaPBX

POST /system_backup.php

401 Unauthorized

POST /system_backup.php

200 OK (application/octet-stream)

Figure 2.2: Data�ow of con�guration �le download

The 200 OKmessage sent by Askozia includes the con�guration �le in XML format. The
XML �le is saved with its original name in the ./results/<testname>/ directory. Then, it
is opened for reading to add the needed users and conference rooms (see the next sections).
When �nished, the edited con�guration �le is saved with the original named followed by
an _edited string. This edited con�guration �le is now uploaded to the AskoziaPBX as
follows:
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Testsuite AskoziaPBX

POST /system_backup.php

GET "reboot"

401 Unauthorized

GET "reboot"

Figure 2.3: Data�ow of con�guration �le upload

This data�ow is created by the following perl listing ($ua and $res are the existing
variables declared and de�ned above):

Listing 3: POST request for uploading con�guration �le
$res = $ua ->request (POST

"http :// $ask_ip:$ask_port/$ask_conf_page",

"Content -Type" => "multipart/form -data",

Content => [ Restore => "1",

conffile => [ $xml_configfile ." _edited" ] ]);

After uploading the con�guration �le, the AskoziaPBX is rebooted. This happenes
automatically, but in this case, it is forced by an extra command sent as a GET request
by using the webbased shell feature. This manually forced reboot allows the script to ping
Askozia and detect when it has �nished rebooting. Furthermore, it is now possible to wait
some time (speci�ed by using the --reboot-time parameter) to make sure that the PBX
has enough time to start all services etc. after the reboot.

Listing 4: Executing Askozia reboot
my $ua = new LWP:: UserAgent;

$ua ->credentials (" $ask_ip:$ask_port",

$ask_realm , "$ask_user" => "$ask_pw ");

$res = $ua ->request (GET "http :// $ask_ip:$ask_port/

cgi -bin/ajax.cgi?exec_shell=reboot ");

2.2 Users

To execute the tests, it is necessary to add some test users to the AskoziaPBX installation.
The number of users depends on the parameters that were passed to the script when
launching. Here is a table of required users, the highest count will be added:
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Test

type

Required users

two-way = 2 * 2way-calls (User A and B for each call)
conf room = conf-calls-room * conf-rooms-room

(�conf-calls� users per �conf-rooms� conference rooms)
conf call = conf-calls-call * conf-rooms-call

(�conf-calls� users per �conf-rooms� conference rooms)
The script downloads the complete Askozia con�guration �le and searches for the end

of the sip paragraph Then, it adds its generated users. It is not checked whether the added
phones already exist. The template for adding users looks as follows, where _userno_ is
replaced by a three-digit integer that is incremented with each user:

Listing 5: User template
<phone >

<extension >_userno_ </extension >

<callerid >Testuser _userno_ </callerid >

<manualattributes >cXVhbGlmeT1ubw ==</ manualattributes >

<codec >alaw </codec >

<secret >_userno_ </secret >

<uniqid >SIP -PHONE -_userno_ </uniqid >

<language >en -us </language >

<ringlength >indefinitely </ringlength >

<natmode >yes </natmode >

<dtmfmode >auto </dtmfmode >

</phone >

2.3 Conference Rooms

Just like the users, the needed conference rooms have to be added too. The script searches
for the end of the conferencing paragraph and adds its generated rooms. The template
looks as follows, where _roomno_ is replaced by an integer that is incremented with each
room:

Listing 6: Conference room template
<room >

<number >_roomno_ </number >

<name >Default Conference </name >

<uniqid >CONFERENCE -ROOM -_roomno_ </uniqid >

</room >

Conference rooms start with number 2000 (can be changed). So, for a conference test
that needs ten conference rooms, rooms from 2000 to 2009 are created.
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3 Two-Party Tests

Two-Party tests are the normal telephone calls between two participants. User A calls
another user (perhaps User B) who has to be registered, makes a phone call and hangs up.

As a sip dialog, the scenario looks as follows: The original XML scenarios for sipp used

User A User B

INVITE

100 - Trying

180 - Ringing

ACK

200 - OK

Session

200 - OK

BYE

Figure 3.1: SIP dialog of a two-party call

to implement this are available in the appendix.
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User A AskoziaPBX

INVITE (with authentication)

100 - Trying

180 - Ringing

ACK

200 - OK (with session description)

200 - OK

BYE

User B

Register

401 - Unauthorized

Register (with authentication)

200 - OK

INVITE

100 - Trying

180 - Ringing

200 - OK (with session description)

BYE

200 - OK

Session

INVITE

401 - Unauthorized

ACK

Figure 3.2: Dialog of a two-party call

The next diagramm shows the process of a complete two-party test:
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Start

Sleep "--pause"

Start next call

"--max-two-
party-test"

calls established?

End

No

Yes

Figure 3.3: Complete two-party test

The number of calls is increased step-by-step. After every call, the script waits for
the speci�ed pause time to record the CPU load values. For executing two-party calls,
the following sipp commands used. You can inform yourself about the used parameters
by reading the sipp manpage (the appendix contains the sipp manpage). It is possible to
change the used sip and rtp ports as well as the name of the csv �les by using the developers
parameters. For more information, please have a look at the appendix. In original call,
the csv �les are speci�ed by their absolut path.

Listing 7: sipp command for inviting User B
REGISTER Command:

sipp -aa -inf 'Users_two -party.csv ' -m $current_call -i $local_ip

-p 5062 -mp 6030 -sf 'Register.xml ' $ask_ip 2>&1

ACCEPT Command:

sipp -aa -inf 'Users_two -party.csv ' -m $current_call -i $local_ip

-p 5062 -mp 6030 -sf 'Accept.xml ' -bg $ask_ip 2>&1 &

INVITE Command:

sipp -aa -inf 'Users_two -party.csv ' -m $current_call -i $local_ip

-p 5061 -mp 6020 -sf 'Invite.xml ' $ask_ip 2>&1

De-REGISTER Command:

sipp -aa -inf 'Users_two -party.csv ' -m $current_call -i $local_ip

-p 5062 -mp 6030 -sf 'Deregister.xml ' $ask_ip 2>&1
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4 Maximum Three-Way Conference Rooms Tests

The conference rooms test was developed primarily for executing three-way conferences.
Basically, there is a conference with three participants started. After that, there is another
conference with three participants started until the maximum number of conferences is
reached:

Start

Add one user to conference room "x"

Are --max-conference-room-test
users in conf room "x"?

Increment x (go to the next conference room)

no

yes

Number of existing rooms =
--conf-rooms-no-of-participants ?

no

yes

End

Sleep "--pause" (wait some time)

Figure 4.1: Process of conference rooms tests

For a conf call test with three participants and four conference rooms, the test would
work like this:
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Sleep "--pause" seconds
Add user "001" to conference room "2000"

Sleep "--pause" seconds
Add user "002" to conference room "2000"

Sleep "--pause" seconds
Add user "003" to conference room "2000"

Sleep "--pause" seconds
Add user "004" to conference room "2001"

Sleep "--pause" seconds
Add user "005" to conference room "2001"

Sleep "--pause" seconds
Add user "006" to conference room "2001"

Sleep "--pause" seconds
Add user "007" to conference room "2002"

Sleep "--pause" seconds
Add user "008" to conference room "2002"

Sleep "--pause" seconds
Add user "009" to conference room "2002"

Sleep "--pause" seconds
Add user "010" to conference room "2003"

Sleep "--pause" seconds
Add user "011" to conference room "2003"

Sleep "--pause" seconds
Add user "012" to conference room "2003"

Room 2000

Room 2001

Room 2002

Room 2003

Figure 4.2: Conference rooms test example

This is implemented by using the sipp functionalities call rates (parameter -r) and
rate period (parameter -rp):

Listing 8: sipp command for starting conf call tests
sipp -aa -r 1

-i $local_ip

-rp 60s

-inf 'Users_conf -rooms.csv '

-m $current_users

-p 5061

-mp 6020

-sf 'Invite.xml '

$ask_ip 2>&1"

-rp 60s is the rate period in seconds; -r 1 -rp 60s means that 1 user is added every
60 seconds. With this scenario, the following situation is simulated:
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Room 2000 Room 2001

Room 2002 Room 2003

001

002

003

004

005

006

007

008

009

010

012

011

Figure 4.3: Conference rooms test illustration with 3 calls, 4 rooms
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5 Maximum Participants in a Single Conference Room

Test

The conference participants test was developed primarily for simulating one conference
room with any number of participants. So, since the number of rooms is �xed, the number
of calls has to be increased step-by-step:

Start

Add one user to conference room

no of participants =
--max-conf-participants-test ?

no

yes

End

Sleep some seconds (--pause)

Figure 5.1: Process of conference participants test

16



For a conference participants test with �ve calls, the test would work like this:

Sleep "--pause" seconds
Add user "001" to conference room "2000"

Sleep "--pause" seconds
Add user "002" to conference room "2000"

Sleep "--pause" seconds
Add user "003" to conference room "2000"

Sleep "--pause" seconds
Add user "004" to conference room "2000"

Sleep "--pause" seconds
Add user "005" to conference room "2000"

Figure 5.2: Conference participants test example

The command for executing sipp looks as follows:

Listing 9: sipp command for starting conference participants tests
sipp -r 1 -aa

-rp 60s

-inf 'Users_conf -participants.csv '

-m $current_users

-i $local_ip

-p 5061

-mp 6020

-sf 'Invite.xml '

$ask_ip 2>&1"
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6 Watchdog Feature

The watchdog feature is a component that stops testing after a de�ned time. It is necessary
because the AskoziaPBX does not respond any more if it reaches its limit. Is is implemented
like that:

Start

End

Clone process with fork
(create child process "watchdog")

Execute
two-party

test

Parent process Child process

Start watchdog

Counter
=Limit?

Counter++

Sleep 1s

no

yes

Start

Stop watchdog

Stop

Download

Execute next test

INT-signal

Figure 6.1: Basic watchdog process
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Of course, it is not as easy as it is shown in �gure 6.1. First of all, there is only one
watchdog process that is forked before beginning the tests. This process is started and
stopped multiple times (one time for every test type):

Start watchdog
Execute test; parallel: counting to limit...

Stop watchdog, end test

Two-party test

Conf rooms test

Conf participants test

Start watchdog
Execute test; parallel: counting to limit...

Stop watchdog, end test

Start watchdog
Execute test; parallel: counting to limit...

Stop watchdog, end test

Figure 6.2: Starts and stops of watchdog

Let's sum up: Now there is a second process that is started before every test and
stopped after every test. At the end of all tests, it is killed. But there is still one problem:
Because of the variable parameters, the tests may have very di�erent durations. So, it is
necessary to tell the watchdog some settings of the test. For this reason, there is an IPC
(Interprocess Communication) existing. After forking the main process, there is a pipe
created to send messages from the parent (test) process to the child (watchdog). It can be
treated like a normal print device in perl, so it is possible to send messages like this:

Listing 10: Send messages to watchdog
print $pipe $message;

It is possible to send to following commands to the watchdog. All commands have to
end with a newline character for �ushing the pipe:

Testtype Needed users

set pause '3' Set pause time to 3 seconds
(necessary for call duration calculation)

set users '5' Set number of users to 5
(necessary for call duration calculation)

start watchdog Starts watchdog: Begin of incrementing counter per second
stop watchdog Stops watchdog (incrementing counter)
Tests finished. Terminates watchdog process.
After sending a command, the counter is reset to zero automatically (there is no provi-

sion for sending commands to the watchdog while running a test). Sometimes, there were
problems if two commands are sent in quick succession, so it is recommended to sleep one
second between sending two commands.
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7 Recording CPU Load

Recording the CPU load is executed by a self-programmed tool of Michael Iedema
(michael@askozia.com). Its name is qstat and is available by pressing the ESC key some-
where on the Askozia webpage. Then, in the �Beta Features� tab, there is a link referencing
to debug_qstat.php:

Figure 7.1: Starting qstat manually

On the debug qstat page, there is only one button labelled with Start. So, a click on this
button starts CPU load recording by qstat. The button changes top Stop automatically and
terminates CPU load recording by clicking on it. After this, there appears a downloadable
�le (... .qstat) on the webpage. It contains the recorded qstat data and looks like this:
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Figure 7.2: QStat results

The recorded data comprise multiple CPU load values. The script uses the CPU idle
time by subtracting it from 100. They were veri�ed manually by comparing the qstat
values with other values created by using top on the AskoziaPBX.

7.1 Starting and stopping qstat

Of course, the testsuite is not able to control the browser and click on any buttons. So,
the command for starting and stopping qstat is sent manually by using the ajax script.
By mean of this ajax script, it is possible to send bash commands or asterisk commands
to the particular process. This feature is used to activate or deactive recording of the
cpu load data by the following command. It creates a HTTP GET request including
the speci�ed interface (exec_ami: asterisk) and the command (string between the single
quotation marks: qstat+start+<description>).

Listing 11: Starting and stopping qstat recording
$res = $ua ->request (GET "http :// $ask_ip:$ask_port/cgi -bin/ajax.cgi?

exec_ami =%27 qstat+start+two -party %27");

$res = $ua ->request (GET "http :// $ask_ip/cgi -bin/ajax.cgi?exec_ami='qstat

+stop '");
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7.2 Downloading recorded data

For downloading the recorded qstat data, there is a standard cat command of the linux
shell used. As described in the previous section, AskoziaPBX provides a possibility to
execute shell commands by web requests. In contrast to listing 11, the shell interface is
used now (exec_shell: linux bash). Normally, this command would return all existing
qstat �les. But before every test, the AskoziaPBX is rebooted and with every reboot of
the AskoziaPBX all qstat �les are deleted. So, it is not possible that there is more than
one �le - the recorded cpu load data of the last performance test. The output is shown in
�gure 7.2.

Listing 12: Downloading recorded cpu load data
$res = $ua ->request (GET "http :// $ask_ip:$ask_port/cgi -bin/ajax.cgi?

exec_shell=cat+/var/asterisk/log/qstat /*");

7.3 Interpreting data

The measured data are sorted, �ltered and shown in a graph. First, all data of one call
(perhaps 1 call) are picked out and sorted. Now, the highest and lowest 25% of the sorted
data are �ltered. So, there are only 50% of the originally measured values left. This avoids
skewed values, because sometimes there are mean peaks of 0% or 95% that are not realistic.
This result is called ´´median� calculation. The remaining 50% are averaged and saved in
an array at position x, where x is the number of concurrent calls.

Column A shows the seconds since starting qstat recording. Column B shows the
number of concurrent calls. Column C contains the original measured values of qstat.
Column D shows the number of concurrent calls for the mean values. Column E shows
the mean value of the cpu load (100 subtracted by the mean value of the median). These
calculated values are necessary to create a graph like this (�gure 7.4):
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Figure 7.3: Original and averaged values of qstat
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Figure 7.4: Graph of the calculated mean values
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A Appendix

A.1 Developers Parameters

--askozia-confpage=<string>

Name of the PHP page for downloading/uploading the XML Con�guration �le
Default: system_backup.php
Example: --askozia-confpage=system_backup.php

--askozia-realm=<string>

Name of the authentication-realm of the AskoziaPBX.
Default: Web Server Authentication

Example: --askozia-realm='Web Server Authentication'

--sipp-path=<string>

This parameter allows one to override the sipp executable which is used to execute
the performance tests. It is recommended to use the supplied version because it
provides a standardized test base.
Default: ./PERF_TESTS/sipp or, if not existing, the result of which sipp

Example: --sipp-path=../sipp or --sipp-path=/tmp/sipp

--two-party-user-file=<string>

For executing two-party tests with sipp, there has to be a so-called injection �le.
This is a csv �le which is used by sipp for generating multiple calls automaticly. It is
created by the script and contains all needed information (and not more) for sipp. It
is possible to change the �lepath and -name of this �le by specifying this parameter
and may be absolute or relative.
Default: ./results/<testname>/Users_two-party.csv
Example: --users-2way-file=../Users_two-party.csv
or --users-2way-file=/tmp/Users_two-party.csv

--participants-user-file=<string>

Please have a look at the parameter --users-2way-file. This parameter is the
same only for conference tests with �xed number of rooms.
Default: ./results/<testname>/Users_conf_room.csv
Example: --users-conf-room-file=../Users_conf_room.csv
or --users-conf-room-file=/tmp/Users_conf_room.csv

--room-user-file=<string>

Please have a look at the parameter --users-2way-file. This parameter is the
same only for conference tests with �xed number of calls.
Default: ./results/<testname>/Users_conf_call.csv
Example: --users-conf-call-file=../Users_conf_call.csv
or --users-conf-call-file=/tmp/Users_conf_call.csv
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--reg-scen=<string>

This parameter speci�es the path to the register scenario used by sipp. The register
scenario is needed for two-party tests only. For more information, please have a look
at chapter 3.
Default: ./PERF_TEST_FILES/Register.xml
Example: --reg-scen=../Register.xml or --reg-scen=/tmp/Register.xml

--dereg-scen=<string>

This parameter speci�es the path to the deregister scenario used by sipp. The dereg-
ister scenario is needed for two-party tests only. For more information, please have
a look at chapter 3.
Default: ./PERF_TEST_FILES/Deregister.xml
Example: --dereg-scen=../Deregister.xml or --dereg-scen=/tmp/Deregister.xml

--acc-scen=<string>

This parameter speci�es the path to the accept scenario used by sipp. The accept
scenario is needed for two-party tests only. For more information, please have a look
at chapter 3.
Default: ./PERF_TEST_FILES/Accept.xml
Example: --acc-scen=../Accept.xml or --acc-scen=/tmp/Accept.xml

--inv-scen=<string>

This parameter speci�es the path to the invite scneario used by sipp. The invite
scenario is needed for every test type. For more information, please have a look at
the description of the di�erent testtypes (chapters 3, 4 and 5).
Default: ./PERF_TEST_Files/Invite.xml
Example: --inv-scen=../Invite.xml or --inv-scen=/tmp/Invite.xml

--sip-src-port=<number>

Port of the local computer (testcomputer) to communicate with Askozia. It is used for
User A in two-party tests and for all users in conference tests. During the tests, there
was a softphone running in background for communication in the o�ce. Because of
this, sipp was not able to reserve the usual sip port 5060.
Default: 5061
Example: --sip-src-port=5061

--sip-dst-port=<number>

Port of the local computer (testcomputer) to communicate with Askozia, but this
time only for User B in two-party tests. The �rst sipp process (User A) blocks one
port for communication with AskoziaPBX, so the second sipp process (User B) needs
another one to talk to Askozia. This is necessary for two-party tests only.
Default: 5062
Example: --sip-dst-port=5062
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--rtp-src-port=<number>

Port of the local computer for establishing RTP streams between the local testcom-
puter and AskoziaPBX. This one is used by User A of two-party tests and by all
users of conference tests. Sipp was not able to use the standard port because of a
softphone running on the testcomputer in background.
Default: 6020
Example: --rtp-src-port=6020

--rtp-dst-port=<number>

Port of the local computer for establishing RTP streams between the local testcom-
puter and AskoziaPBX. This one is used by User B of two-party tests only, so it not
needed for conference testing.
Default: 6030
Example: --rtp-dst-port=6030

--restore=<string>

After the test, the AskoziaPBX is strongly recon�gured. There are possibly hundreds
of testusers and some new conference rooms. To avoid cleaning up by hand, this
parameter helps to recon�gure the box after the test. There are three possible values:

none The AskoziaPBX is not recon�gured.

old-con�g The AskoziaPBX is restored with the con�g existing before the test.

factory-defaults The AskoziaPBX is set to factory-defaults.

Default: old-config
Example: --restore=none or --restore=factory-defaults

--gnuplot-exe=<string>

The path to the gnuplot executable for drawing graphs of the results at the end of the
test. Has to be installed (which gnuplot determines path) or speci�ed if the graphs
should be drawed. If not installed and speci�ed (unde�ned), there is no possibility
to draw the graphs. The test can nevertheless be executed.
Default: result of which gnuplot or, if not existing, unde�ned
Example: --gnuplot-exe=../gnuplot or --gnuplot-exe=/tmp/gnuplot

A.2 XML Scenarios

A.2.1 REGISTER Scenario

Listing 13: REGISTER scenario
<?xml version ="1.0" encoding ="ISO -8859 -1" ?>

<scenario name=" Registration of Testuser '[field2]'">

<!-- REGISTER -VERSUCH 1 - ohne Authentication -->
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<send retrans ="500" >

<![CDATA[ REGISTER sip:[ remote_ip] SIP /2.0

Via: SIP /2.0/[ transport] [local_ip ]:[ local_port ]; branch =[ branch ];rport

Max -Forwards: 70

To: "[ field2 ]" <sip:[ field2]@[remote_ip]>

From: "[ field2 ]" <sip:[ field2]@[remote_ip ]>;tag=[ call_number]

Call -ID: [call_id]

CSeq: [cseq] REGISTER

Contact: <sip:[ field2]@[local_ip ]:[ local_port]>

Expires: 3600

Content -Length: 0

]]>

</send >

<!-- WAIT FOR "401 UNAUTHORIZED" -->

<recv response ="100" optional ="true" />

<recv response ="401" auth="true" />

<!-- REGISTER -VERSUCH 2 - mit Authentication -->

<send >

<![CDATA[ REGISTER sip:[ remote_ip] SIP /2.0

Via: SIP /2.0/[ transport] [local_ip ]:[ local_port ]; branch =[ branch ];rport

Max -Forwards: 70

To: "[ field2 ]" <sip:[ field2]@[remote_ip]>

From: "[ field2 ]" <sip:[ field2]@[remote_ip ]>;tag=[ call_number]

Call -ID: [call_id]

CSeq: [cseq] REGISTER

Contact: <sip:[ field2]@[local_ip ]:[ local_port]>

Expires: 3600

[field3]

Content -Length: 0

]]>

</send >

<!-- WAIT FOR "200 OK" -->

<recv response ="200" />

<!-- <pause milliseconds ="70000" /> -->

</scenario >

A.2.2 De-REGISTER Scenario

Listing 14: DEREGISTER scenario
<?xml version ="1.0" encoding ="ISO -8859 -1" ?>

<scenario name=" Registration of Testuser [field2]">

<!-- REGISTER -VERSUCH 1 - ohne Authentication -->

<send retrans ="500" >

<![CDATA[ REGISTER sip:[ remote_ip] SIP /2.0

Via: SIP /2.0/[ transport] [local_ip ]:[ local_port ]; branch =[ branch ];rport

Max -Forwards: 70
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To: "[ field2 ]" <sip:[ field2]@[remote_ip]>

From: "[ field2 ]" <sip:[ field2]@[remote_ip ]>;tag=[ call_number]

Call -ID: [call_id]

CSeq: [cseq] REGISTER

Contact: <sip:[ field2]@[local_ip ]:[ local_port ]>;expires =0

Content -Length: 0

]]>

</send >

<!-- WAIT FOR "401 UNAUTHORIZED" -->

<recv response ="401" auth="true" />

<!-- REGISTER -VERSUCH 2 - mit Authentication -->

<send >

<![CDATA[ REGISTER sip:[ remote_ip] SIP /2.0

Via: SIP /2.0/[ transport] [local_ip ]:[ local_port ]; branch =[ branch ];rport

Max -Forwards: 70

To: "[ field2 ]" <sip:[ field2]@[remote_ip]>

From: "[ field2 ]" <sip:[ field2]@[remote_ip ]>;tag=[ call_number]

Call -ID: [call_id]

CSeq: [cseq] REGISTER

Contact: <sip:[ field2]@[local_ip ]:[ local_port ]>;expires =0

[field3]

Content -Length: 0

]]>

</send >

<!-- WAIT FOR "200 OK" -->

<recv response ="200" />

<!-- <pause milliseconds ="5000" /> -->

</scenario >

A.2.3 INVITE Scenario

Listing 15: INVITE scenario
<?xml version ="1.0" encoding ="ISO -8859 -1" ?>

<scenario name="Try to get access to the conference -room of askozia">

<!-- SEND INVITATION -->

<send >

<![CDATA[ INVITE sip:[ field2]@[remote_ip] SIP /2.0

Via: SIP /2.0/[ transport] [local_ip ]:[ local_port ]; branch =[ branch ];rport

Max -Forwards: 70

To: "[ field2 ]" <sip:[ field2]@[remote_ip]>

From: "[ field0 ]" <sip:[ field0]@[remote_ip ]>;tag=[ call_number]

Call -ID: [call_id]

CSeq: [cseq] INVITE

Contact: <sip:[ field0]@[local_ip ]:[ local_port]>

Content -Type: application/sdp

Content -Length: [len]
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v=0

o=TK-Labor 53655765 2353687637 IN IP[local_ip_type] [local_ip ]:[

local_port]

s=-

c=IN IP[media_ip_type] [media_ip]

t=0 0

m=audio [auto_media_port] RTP/AVP 8

a=rtpmap :8 PCMA /8000

]]>

</send >

<!-- WAIT FOR "401 UNAUTHORIZED" -->

<recv response ="401" rtd="true" auth="true" />

<!-- SEND INVITATION AGAIN -->

<send >

<![CDATA[ INVITE sip:[ field2]@[remote_ip] SIP /2.0

Via: SIP /2.0/[ transport] [local_ip ]:[ local_port ]; branch =[ branch ];rport

Max -Forwards: 70

To: "[ field2 ]" <sip:[ field2]@[remote_ip]>

From: "[ field0 ]" <sip:[ field0]@[remote_ip ]>;tag=[ call_number]

Call -ID: [call_id]

CSeq: [cseq] INVITE

Contact: <sip:[ field0]@[local_ip ]:[ local_port]>

Content -Type: application/sdp

[field1]

Allow: INVITE ,ACK ,BYE ,CANCEL ,OPTIONS ,PRACK ,REFER ,NOTIFY ,SUBSCRIBE ,INFO ,

MESSAGE

Supported: replaces ,norefersub ,100 rel

Content -Length: [len]

v=0

o=TK-Labor 53655765 2353687637 IN IP[local_ip_type] [local_ip ]:[

local_port]

s=-

c=IN IP[media_ip_type] [media_ip]

t=0 0

m=audio [auto_media_port] RTP/AVP 8

a=rtpmap :8 PCMA /8000

]]>

</send >

<!-- WAIT FOR RESPONSES -->

<recv response ="100" optional ="true" />

<recv response ="180" optional ="true" />

<recv response ="200" />

<!-- SEND ACK -->

<send >

<![CDATA[ ACK sip:[ field2]@[remote_ip] SIP /2.0
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Via: SIP /2.0/[ transport] [local_ip ]; rport;branch =[ branch]

From: "[ field0 ]" <sip:[ field0]@[remote_ip ]>;tag=[ call_number]

To: "[ field2 ]" <sip:[ field2]@[remote_ip ]>[ peer_tag_param]

Call -ID: [call_id]

CSeq: [cseq] ACK

Content -Length: 0

]]>

</send >

<!-- PLAY PCAP AUDIO FILE -->

<nop > <action >

<exec play_pcap_audio =" PERF_TEST_FILES/g711a.pcap" />

</action > </nop >

<pause milliseconds ="10000"/ >

<!-- TERMINATE CALL -->

<send retrans ="500" >

<![CDATA[ BYE sip:[ field2]@[remote_ip] SIP /2.0

Via: SIP /2.0/[ transport] [local_ip ]:[ local_port ]; rport;branch =[ branch]

Max -Forwards: 70

From: "[ field0 ]" <sip:[ field0]@[remote_ip ]>;tag=[ call_number]

To: "[ field2 ]" <sip:[ field2]@[remote_ip ]>[ peer_tag_param]

Call -ID: [call_id]

Cseq: [cseq] BYE

Subject: Performance Test

Content -Length: 0

]]>

</send >

<!-- WAIT FOR "200 OK" -->

<recv response ="200" />

</scenario >

A.2.4 ACCEPT Scenario

Listing 16: ACCEPT scenario
<?xml version ="1.0" encoding ="ISO -8859 -1" ?>

<scenario name="User B waits for an invitation from User A">

<!-- WAIT FOR "INVITE" -->

<recv request =" INVITE" rtd="true" auth="true" />

<!-- SEND "100 TRYING" -->

<send >

<![CDATA[

SIP /2.0 100 Trying

Via: SIP /2.0/[ transport] [local_ip ]:[ local_port ]; branch =[ branch ];rport

Max -Forwards: 70

From: "[ field2 ]" <sip:[ field2]@[remote_ip ]>;tag=[ call_number]
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To: "[ field0 ]" <sip:[ field0]@[remote_ip]>

Call -ID: [call_id]

CSeq: [cseq] INVITE

Contact: <sip:[ field2]@[local_ip ]:[ local_port]>

Content -Length: [len]

]]>

</send >

<!-- SEND "180 RINGING" -->

<send >

<![CDATA[

SIP /2.0 180 Ringing

Via: SIP /2.0/[ transport] [local_ip ]:[ local_port ]; branch =[ branch ];rport

Max -Forwards: 70

From: "[ field2 ]" <sip:[ field2]@[remote_ip ]>;tag=[ call_number]

To: "[ field0 ]" <sip:[ field0]@[remote_ip]>

Call -ID: [call_id]

CSeq: [cseq] INVITE

Contact: <sip:[ field2]@[local_ip ]:[ local_port]>

Content -Length: [len]

]]>

</send >

<!-- SEND "200 OK" -->

<send retrans ="500" >

<![CDATA[

SIP /2.0 200 OK

Via: SIP /2.0/[ transport] [local_ip ]:[ local_port ]; branch =[ branch ];rport

Max -Forwards: 70

From: "[ field2 ]" <sip:[ field2]@[remote_ip ]>;tag=[ call_number]

To: "[ field0 ]" <sip:[ field0]@[remote_ip]>

Call -ID: [call_id]

CSeq: [cseq] INVITE

Contact: <sip:[ field2]@[local_ip ]:[ local_port]>

Content -Length: [len]

Content -Type: application/sdp

v=0

o=TK-Labor 53655765 2353687637 IN IP[local_ip_type] [local_ip ]:[

local_port]

s=-

c=IN IP[media_ip_type] [media_ip]

t=0 0

m=audio [auto_media_port] RTP/AVP 8 0 3

a=rtpmap :8 PCMA /8000\r\n

a=rtpmap :0 PCMU /8000

a=rtpmap :3 GSM /8000

]]>

</send >

32



<!-- RECEIVE "ACK" -->

<recv request ="ACK" rtd="true" crlf="true"/>

<!-- GET RTP STREAM -->

<!-- PLAY PCAP AUDIO FILE -->

<nop > <action >

<exec play_pcap_audio =" PERF_TEST_FILES/g711a.pcap"/>

</action > </nop >

<!-- RECEIVE "BYE" -->

<recv request ="BYE" />

<!-- SEND "200 OK" -->

<send >

<![CDATA[

SIP /2.0 200 OK

Via: SIP /2.0/[ transport] [local_ip ]:[ local_port ]; branch =[ branch ];rport

Max -Forwards: 70

From: "[ field2 ]" <sip:[ field2]@[remote_ip ]>;tag=[ call_number]

To: "[ field0 ]" <sip:[ field0]@[remote_ip ]>[ peer_tag_param]

Call -ID: [call_id]

CSeq: [cseq] BYE

Contact: <sip:[ field2]@[local_ip ]:[ local_port]>

Content -Length: [len]

]]>

</send >

</scenario >

A.3 Example: Con�guration File

Listing 17: Con�guration �le
<?xml version ="1.0"? >

<askoziapbx >

<version >2.1 </ version >

<lastchange/>

<system >

<hostname >AskoziaPBX </hostname >

<domain >local </domain >

<dnsserver >192.168.1.1 </ dnsserver >

<username >admin </username >

<password >askozia </password >

<time -update -interval >4-hours </time -update -interval >

<timeservers >pool.ntp.org </ timeservers >

<webgui >

<protocol >http </protocol >

</webgui >

</system >

<interfaces >

<lan >

<dhcp/>

<if >eth0 </if >
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<ipaddr >192.168.1.2 </ ipaddr >

<subnet >24</subnet >

<gateway >192.168.1.1 </ gateway >

</lan >

<dahdi -port >

<location/>

<card >WARP FXS driver </card >

<technology >analog </technology >

<basechannel >1</ basechannel >

<type >fxs </type >

<uniqid >DAHDIPORT -ANALOG -c4ca4238a0b923820dcc509a6f75849b </uniqid >

<echo -taps >128 </echo -taps >

<rxgain >0</rxgain >

<txgain >0</txgain >

<name >Port 1</name >

<startsignaling >ks </ startsignaling >

</dahdi -port >

<dahdi -port >

<location/>

<card >WARP FXS driver </card >

<technology >analog </technology >

<basechannel >2</ basechannel >

<type >fxs </type >

<uniqid >DAHDIPORT -ANALOG -c81e728d9d4c2f636f067f89cc14862c </uniqid >

<echo -taps >128 </echo -taps >

<rxgain >0</rxgain >

<txgain >0</txgain >

<name >Port 2</name >

<startsignaling >ks </ startsignaling >

</dahdi -port >

<dahdi -port >

<location/>

<card >WARP FXS driver </card >

<technology >analog </technology >

<basechannel >3</ basechannel >

<type >fxs </type >

<uniqid >DAHDIPORT -ANALOG -eccbc87e4b5ce2fe28308fd9f2a7baf3 </uniqid >

<echo -taps >128 </echo -taps >

<rxgain >0</rxgain >

<txgain >0</txgain >

<name >Port 3</name >

<startsignaling >ks </ startsignaling >

</dahdi -port >

<dahdi -port >

<location/>

<card >WARP FXS driver </card >

<technology >analog </technology >

<basechannel >4</ basechannel >

<type >fxs </type >

<uniqid >DAHDIPORT -ANALOG -a87ff679a2f3e71d9181a67b7542122c </uniqid >

<echo -taps >128 </echo -taps >
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<rxgain >0</rxgain >

<txgain >0</txgain >

<name >Port 4</name >

<startsignaling >ks </ startsignaling >

</dahdi -port >

<dahdi -port >

<location/>

<card >WARP FXS driver </card >

<technology >analog </technology >

<basechannel >5</ basechannel >

<type >fxs </type >

<uniqid >DAHDIPORT -ANALOG -e4da3b7fbbce2345d7772b0674a318d5 </uniqid >

<echo -taps >128 </echo -taps >

<rxgain >0</rxgain >

<txgain >0</txgain >

<name >Port 5</name >

<startsignaling >ks </ startsignaling >

</dahdi -port >

<dahdi -port >

<location >Module B</location >

<card >PIKA WARP BRI </card >

<technology >isdn </technology >

<span >2</span >

<basechannel >6</ basechannel >

<totalchannels >3</ totalchannels >

<type >te </type >

<uniqid >DAHDIPORT -ISDN -50 b111bc086bb0827d04c8373faea562 </uniqid >

<echo -taps >128 </echo -taps >

<rxgain >0</rxgain >

<txgain >0</txgain >

<name >Port 2</name >

<signaling >bri_cpe_ptmp </signaling >

<unused/>

</dahdi -port >

<dahdi -port >

<location >Module B</location >

<card >PIKA WARP BRI </card >

<technology >isdn </technology >

<span >3</span >

<basechannel >9</ basechannel >

<totalchannels >3</ totalchannels >

<type >te </type >

<uniqid >DAHDIPORT -ISDN -f5dc22bc9041245137d8b2be75cb5d85 </uniqid >

<echo -taps >128 </echo -taps >

<rxgain >0</rxgain >

<txgain >0</txgain >

<name >Port 3</name >

<signaling >bri_cpe_ptmp </signaling >

<unused/>

</dahdi -port >

<dahdi -portgroup >
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<name >All Provider Ports </name >

<number >62</number >

<technology >isdn </technology >

<type >te </type >

<uniqid >DAHDIPORTGROUP -ISDN -ALLPROVIDERS </uniqid >

<groupmember >DAHDIPORT -ISDN -50 b111bc086bb0827d04c8373faea562 </ groupmember

>

<groupmember >DAHDIPORT -ISDN -f5dc22bc9041245137d8b2be75cb5d85 </ groupmember

>

</dahdi -portgroup >

</interfaces >

<conferencing >

<room >

<number >2663 </ number >

<name >Default Conference </name >

<uniqid >CONFERENCE -ROOM -914902610465 bd5b50d0c6 </uniqid >

</room >

</conferencing >

<dialplan >

<application >

<name >Read IP </name >

<extension >000047 </ extension >

<uniqid >DIALPLAN -APPLICATION -19518258630000000 ac1dc5 </uniqid >

<type >plaintext </type >

<applicationlogic >



=</applicationlogic >

</application >

<application >

<name >Echo </name >

<extension >00003246 </ extension >

<uniqid >DIALPLAN -APPLICATION -7674931110000000 ac21b1 </uniqid >

<type >plaintext </type >

<applicationlogic >MSxBbnN3ZXIoKQoyLEVjaG8oKQozLEhhbmd1cCgp </

applicationlogic >

</application >

<application >

<name >Milliwatt </name >

<extension >000064554 </ extension >

<uniqid >DIALPLAN -APPLICATION -13940402910000000 ac2593 </uniqid >

<type >plaintext </type >

<applicationlogic >MSxBbnN3ZXIoKQoyLE1pbGxpd2F0dCgpCjMsSGFuZ3VwKCk =</

applicationlogic >

</application >

<application >

<name >WakeMe </name >

<extension >00009253 </ extension >

<uniqid >DIALPLAN -APPLICATION -14329880820000000 ac297b </uniqid >

<type >plaintext </type >

<applicationlogic >

MSxBbnN3ZXIoKQoyLFNldChDSEFOTkVMKGxhbmd1YWdlKT1lbi11cykKMyxXYWtlTWUoKQo0LEhhbmd1cCgp
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</ applicationlogic >

</application >

</dialplan >

<analog >

<phone >

<extension >101 </ extension >

<callerid >Default Extension </callerid >

<language >en -us </language >

<ringlength >indefinitely </ringlength >

<publicaccess/>

<uniqid >ANALOG -PHONE -20698032090000001999170 </ uniqid >

<port >DAHDIPORT -ANALOG -c4ca4238a0b923820dcc509a6f75849b </port >

</phone >

<phone >

<extension >102 </ extension >

<callerid >Default Extension </callerid >

<language >en -us </language >

<ringlength >indefinitely </ringlength >

<publicaccess/>

<uniqid >ANALOG -PHONE -19455483990000001 a40b5f </uniqid >

<port >DAHDIPORT -ANALOG -c81e728d9d4c2f636f067f89cc14862c </port >

</phone >

<phone >

<extension >103 </ extension >

<callerid >Default Extension </callerid >

<language >en -us </language >

<ringlength >indefinitely </ringlength >

<publicaccess/>

<uniqid >ANALOG -PHONE -15354168660000001 ae0612 </uniqid >

<port >DAHDIPORT -ANALOG -eccbc87e4b5ce2fe28308fd9f2a7baf3 </port >

</phone >

<phone >

<extension >104 </ extension >

<callerid >Default Extension </callerid >

<language >en -us </language >

<ringlength >indefinitely </ringlength >

<publicaccess/>

<uniqid >ANALOG -PHONE -9665264350000001 b92fba </uniqid >

<port >DAHDIPORT -ANALOG -a87ff679a2f3e71d9181a67b7542122c </port >

</phone >

<phone >

<extension >105 </ extension >

<callerid >Default Extension </callerid >

<language >en -us </language >

<ringlength >indefinitely </ringlength >

<publicaccess/>

<uniqid >ANALOG -PHONE -2739915790000001 c478a3 </uniqid >

<port >DAHDIPORT -ANALOG -e4da3b7fbbce2345d7772b0674a318d5 </port >

</phone >

</analog >

</askoziapbx >
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