Load Testing 2U Rockbochs System

The purpose of this paper is to discuss the results of load testing the 2U system from Rockbochs. The
system in question had the following hardware:

e Intel® Celeron® Processor E1400 (512K Cache, 2.00 GHz, 800 MHz FSB)

e Super Micro X7SLM-L Motherboard

e 1GB Crucial PC2-5300 RAM

e WD800JD Western Digital Hard drive

e Sangoma A200DE+2 Remora boards with 6 FXO Modules (12 FXO channels)...A20006DE

The system was tested using the following software:

e PBXnSIP 3.3.1.3177

e NBE Express 2.0 with included Wanpipe-6.0.9.12 for Windows
e Windows XP Professional, Service Pack 3

e (CentOS5.3w/2.6.18-128.el5

e  Wanpipe-3.4.1 for Linux

e Dahdi-linux 2.1.0.4 and Dahdi-tools 2.1.0.2

e Asterisk-1.6.0.9

e Sipp-3.1

This testing was performed by:

Konrad Hammel

e: konrad@sangoma.com
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Notes Regarding Testing Procedure

e For the purpose of these tests a fail occurs when the UAC or UAS observed messages arriving
too late or an unexpected message arrived.

e The system used to generate load and the system under test were isolated on their own
network using a Linksys SD208 switch and CAT6 Ethernet cabling.

e The system that was used to generate and receive calls was able to handle 400 calls, at 50
calls/sec, while maintaining a cpu idle >50%. Calls were generated using Sipp (UAC), sent to
Asterisk, and the received by Sipp (UAS). The testing of the load generator box shows that it is
not a limiting factor in the tests.
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Test 1: Base Line PBXnSIP - SIP to SIP

Test Description

To start the testing a baseline needed to be established of the number of calls PBXnSIP can handle
without seeing any errors in Sipp. As mentioned in the notes, any error messages or retransmissions
were considered a fail.

For this test, and the other tests, a single system was used to generated and receive the calls. The calls
were generated using the Sipp built-in UAC scenario. The calls were received by Asterisk which was
registered as an account in PBXnSIP. Figure 1 shows the test scenario.

7
(4

0o
N
Load Tester Linksys SD208 Linksys SD208 Load Tester
Sipp running as UAC PBX.nSIP Asterisk
Running on Acting as UAS

2U Rockbochs System

Figure 1 - Base Line Test Scenario

The Sipp UAC client was not transmitting any RTP audio packages but Asterisk was setup to answer all
calls and connect the call to the “echo” application to generate an RTP stream.

Both the incoming Sip trunk and Sip account in PBXnSIP we set to use U-law encoding only.

Test Procedure
First, the proper operation of PBXnSIP was confirmed by placing a call from a soft phone to PBXnSIP
which then routed the call to the Asterisk system and clear audio was confirmed.

Sipp was then started using the initial parameters of 100 calls at 10 calls per second with call duration of
15 seconds. Within the first minute Sipp was reporting retransmission as well as several “temporary
unavailable” messages.

The max number of calls was then lowered to 80 calls at 10 calls per second with call duration of 15
seconds. Again it was less than a minute before calls were being rejected with “temporary unavailable”

The number of calls per second was then lowered to 8, max calls was set to 80 with call duration of 15
seconds. After 20 periods Sipp had not reported any retransmissions, time outs or unexpected
messages. The system load on the PBXnSIP system was showing CPU idle dips down to less than 50%
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when 8 calls were being established at once. Figure 2 shows the Windows Performance monitor result
for this test.

i A=)
ﬁ]’ File Window Help == 5]'
i PBXnSIP Load Testing - Test 1 SIP to SIP
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| Color | Scale | Counter | Instance | Parent | Object I Computer
1.000 % Idle Time _Total Proces... Y\PBXMSIP-...
s 1,000 % User Time _Total -- Proces... Y\PBXNSIP-...

Figure 2 - Test 1 - 80 calls, 8cps, 15 seconds

The number of active calls was then increased by increments of 10 until Sipp reported errors. At 110
calls the first error message (retransmissions) were reported. Figure 3 shows the load results for this
test run.
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Figure 3 - Test 1 - 110 calls, 8cps, 15 seconds

The call duration was the lowered to 13 seconds, this would keep maximum call load active on the

system when the max calls is 110 at 8 cps. After 36 cycles no errors were observed. Figure 4 shows the
load results for this test.
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Figure 4 - Test 1 - 110 calls, 8 cps, 13 seconds
Results

The base line testing shows that PBXnSIP running on the 2U Rockbochs server can easily handle 110 calls

at 8 cps. Increasing the number of calls per second to 10 resulted in calls being rejected due to lack of
processing power.
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174 1

Test 2: PBXnSIP + NBE2.0 w/ A20006DE TDM-SIP

NBE-2.0 Installation
For this test NBE 2.0 was installed on the system and connected to an A20006DE (a200D with 2 Remoras
running 6 FXO modules).

The installation of NBE-2.0 is quite simple and only took a couple of minutes. Before starting the
installation of NBE-2.0 make sure to uninstall all previous copies of NBE and Sangoma Windows drivers
(make sure to do a reboot as well to fully confirm complete removal).

To start the installation of NBE-2.0, double click on its installer. It is best to choose the default options
that installer provides for you. The installer will install the NBE software as well as the correct Sangoma
driver. During the install of the Wanpipe drivers you will be prompted with the following window:

Found New Hardware Wizard

Welcome to the Found New
Hardware Wizard

Windows will search for current and updated software by
looking on your computer, on the hardware installation CD, or on
the Windows Update ‘Web site [with your permission).

Read our privacy polic

Can Windows connect to Windows Update to search for
software?

() Yes, this time only

() Yes, now and every time | connect a device

() No, not this time

Click Next to continue.

Cancel

Figure 5 - Wanpipe Driver install
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Click the “cancel” button to continue. Sangoma drivers are not “plug and play” and therefore and
cannot be installed by the Windows “plug and play” driver installer. Clicking “cancel” will allow the
Sangoma driver installer to finish the driver install.
Once NBE and the Sangoma Wanpipe drivers are installed the installer will prompt you to restart the
system to continue. When Windows restarts NBE will automatically launch your default web browser
and go to the NBE Gateway Manager’s Quick Setup tab; your screen should show the following:

= Gateway Manager - Windows Internet Explorer E]@@

" g ig 1/ /localhost ¥ B4 % ‘:", . || 2~

i Favorites | (@ Gateway Manager % v B - = - Page~ Safety~ Toos~ @~

NetBorder @ SANGOMA
EXPRESS VolP Gateway
Status and Controls Configuration Quick Setup File Browser Help

Quick Setup Start

The Quick Setup Wizard will help you setup a new system configuration.
Just press Next to begin.

A

CAUTION: The Quick Setup Wizard will create a new configuration.
Any previous changes made to your configuration will be lost.

Gateway Status: stopped Configuration Synched @@

‘:ﬂLocaIintranet ¢ v | ®|100% -

Figure 6 - NBE Gateway Manager Quick Setup Tab

Click the “next” button to start configuring your gateway.

The next screen you will see is where you inform NBE of what Sangoma cards you would like to use with
the gateway.
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{= Gateway Manager, - Windows Internet Explorer Q@
— -

(SAS) l@ hitp:/flocalhost: 7763/ Vl R|i%|| X “’f’ ive Search ’ P~
i Favorites i;é oy Mooy T BB Y @=h v Page~ Safety~ Tools~ @~ »

NetBorder"
BXPRESS VolP Gateway @ SANGOMA

Status and Controls || Configuration || Quick Setup | File Browser || Help

Hardware Configuration
Add the telephony board(s) installed on your system to the following list:

Board ID Board Type Number of Interfaces = Wanpipe Number

[ Add Board ] [Remove Board]

Click on the "Next" button to continue.

=

Gateway Status: stopped Configuration Synched @

&) Local intranet fa v ®Rioon -

Figure 7 - NBE Quick Setup Hardware Configuration

Click the “add board” button to add the first card. You will then be prompted to select the type of card
and in the case of an analog card the number of modules present.
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EEX

(= Gateway Manager - Windows Internet Explorer
B

p———

¥ =[] [ x| @ Live sear

e lé bt/ /localhost
e Fovtes | @ o | -0 =8¢ fsdeye 1obr @
NetBorder" @ SANGOMA

EXPRESS VolIP Gateway

Status and Controls Configuration || Quick Setup || File Browser Help

Hardware Configuration

Add the telephony board(s) installed on your system to the following list:

Board ID Board Type Number of Interfaces = Wanpipe Number
| Add Board Window x|
Board Type: A200 e
Number of Interfaces: ﬂ ‘vi
2
4
ig
- ~12 =

[ Add Board ] [Remove Board]

Click on the "Next" button to continue.

G

Back
Configuration Synched @@

Gateway Status: stopped

#100% ~

JjDone 8 Local intranet 3 -

Figure 8 - NBE Quick Setup Hardware Configuration 2

In the case of this testing an A200 card along with 12 FXO channels (6 modules). Once you have selected
the card (and number of modules) click the “ok” button to continue. You will now go back to the
hardware configuration screen, click the “next” button to continue.

The next screen requires you to select options specific to your card, in the case of the analog card you

will see the following screen.
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(= Gateway Manager - Windows Internet Explorer E]@

——

lgl’;‘ localhost: 7757 Vj B4 | X% ‘:1", e Search ‘p >

((&="1"=9")
N N

5.7 Favorites ‘@Gateway Manager [ ﬁﬁ * B | @ v Page~ Safety v Tools ~ @lv

NetBorder"
BXPRESS VolP Gateway @ SANGOMA

Status and Controls Configuration Quick Setup File Browser Help

»

Country Selection

Select your country

Country: uSA| ||
USA b
CANADA
FCC
TBR21 -
ARGENTINA
AUSTRALIA
AUSTRIA
BAHRAIN
BELGIUM
BRAZIL
BULGARIA
CHILE
CHINA
COLUMBIA
CROATIA v

Gateway Status: stopped Configuration Synched @@

Jpone & Local intranet fa v ®Ri0% -

Figure 9 - NBE Quick Setup Analog Country Selection

From the drop down box you should select the country setting required for the location that his
installation will be used in. For the purpose of these tests the country setting was set to USA. Click the
“next” button to go the final screen.

The last screen allows you to change the IP address and port that calls from the PSTN will go to and the
port that NBE will listen for outgoing call requests. Since NBE will be connecting to PBXnSIP in the same
system the Default SIP address and port needs to be changed to 127.0.0.1:5060.
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(= Gateway Manager - Windows Internet Explorer

—
@\-\—‘;; @ | €] htip/flocathost: 7753/

f. 1 905 474 9223 « www.sangoma.com

EEX

incoming PSTN calls:
Default SIP PORT to listen on:
Default Transport:

Back

Gateway Status: started

Default SIP address and port to contact on

v (][4 ][] (2 2]
5.7 Favorites _éGateway Manager ﬁfﬁ > B = @ v Page v Safety v Tools v '@w ke
NetBorder, @ SANGOMA
EXPRESS VolIP Gateway
; Status and Controls Configuration Quick Setup File Browser Help 2
SIP Configuration
Select the SIP configuration

127.0.0.1:5060

5066
udp

Configuration Synched @

\g Local intranet

fa v ®100% ~

Figure 10 - NBE Quick Setup Sip Configuration

Click the “finish” button to complete the PSTN configuration and be prompted to start NBE.

PBXnSIP Configuration

The configuration of PBXnSIP is also quite simple. Start by logging into the PBXnSIP manager using the
domain username and password. Click on the “trunks” tab to start adding a new trunk. Give the new
NBE trunk an appropriate name and set it as a SIP Gateway as per Figure 11.
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{= Domain Administration [localhost] - Windows Internet Explorer

@k/ @ ln' Jlocalhost dom Frunks b "l R[] X l’l'» ve Search l Sl
5.7 Favorites i@ £ | Gateway Manager n SIP-based PBX for VoIP tele...

) & = »
‘ n Domain Administration [localhost] \ | @ 5 [ p= v Page~ Safety ~ Tools ~ @v

pbxns:p o

Current Trunks

This list shows the currently available trunks in this domain.
Please be careful clicking the delete button, because the trunk data will be lost and dial plan references might break.

Name Status Edit Delete Action
Sipp Load test (2) 2 X

New Trunk:
Name: lNBE Gatway

Type: SIP Gateway v

SIP Registration

Outbound Proxy

Copyright © 2005-20093 pbxnsip Inc, | Home | Help | Logout

& Localintranet Gy v Hio0% v

Figure 11 - PBXnSIP Trunks Tab

Click the “create” button to add the trunk. The screen will reload and you will see that the new trunk is
now part of the list. Click the “edit” icon to finish configuring the new NBE trunk.

On the Trunk settings tab there are only 2 options that need to be added. First set the “outbound
proxy” to the IP address and port that NBE is listening on....127.0.0.1:5066. Next you need specify the
default extension to send incoming calls to; for this test | set this to the account number that | attached

my UAS client to.
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Edit Trunk PSTN Gateway

Name: lPSTN Gatawsy I
Type: |SIP Gateway |

Dirsction Ilnbound and outbound avl
Account:

Domain:

Username:

Pzassword:

Password (repeat): ssssssssee

Outbound Proxy:
CO Lines:

Permissions te menitor this account:

Override Codec Preference:

127.0.0.1:50&€&

I
|
I
I
I
I
|

G.711U

G.726

GSM €.10

G.7T11A

G.722

G.728A

[ Up ] [ Down ] [ Remove ] [ Add ]

Lock codec curing conversation: Oyes@no
Strict RTP Routing: (&) yes@ no
Gensrats unique extension identifisr: (®) yes@ ne
Accept Redirsct: Oyes®no
Interprat SIP URI always 25 telephone
number: ©yesOno
Requires busy tons detaction: Oye:Ono
Trunk requires out of band-DTMF tonas: O yes@no
Prefix: I l
Glebal: Ovyes@ne
Trunk ANI: | |

Remots Party/Privacy Indication:
Rewrite global numbers:

Fzilover Behavior:

Is Secure:

ICID (RFC 3455):

|RFC2225 (P-Assenec-ldentity) W

IChed( domsin country code ‘VI
lNo failover VJ
O yes @ no

| |

Send czll to extension:
Assume that call comes from user:

Ringback:

[0 |
I |

O Message 180® Media

Figure 12 - PBXnSIP Trunk Settings

16 July 09

Because it must work.



@ SANGOMA

Test Description
This test required the analog channels of the A200 card in the PBXnSIP system to be loaded. This was
done using another server running an A400 with 12 FXS channels and Asterisk.

A custom Sipp scenario was used to generate the calls and send them to a local Asterisk server. The
difference between the custom UAC scenario and the built-in scenario was a small delay at the end of
the SIP call. It was found that the system generating load was sending calls to quickly to a channel
analog that had just been hung up causing the remote side to not detect the new call.

The Asterisk server then sent the calls out FXS interfaces to the PBXnSIP system running NBE. PBXnSIP
was set to send all calls to a UAS client.

ocal Laopbac log line:

Sipp running as UAC Asterisk Asterisk running as UAS
A400D/12FXS PBXnSIP
NBE 2.0
A200D/2 Remoras/12FXO

Figure 13 - TDM to SIP Test Scenario

The Sipp UAC client was not transmitting any RTP audio packages but Asterisk was setup to answer all
calls and connect the call to the “echo” application to generate an RTP stream.

Test Procedure

Before loading the system with calls from the FXO interface, the baseline load on the on system can be
seen in figure 14. Figure 14 shows the system load with NBE-2.0 and PBXnSIP running but not
processing any calls.
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{5 Performance

@ File Window Help

i PBXnSIP Load Testing - Test 2 TDM ko SIP

a0
80
70
60

50

% used

40
30
20
10

0

Last 87.500 Average 90.964  Minimum 85,938 Maximum 95,313 Duration

I Color ] Scale | Counter | Instance I Parent | Object ’ Computer

—1 000 % Idle Time _Total - Proces... V\PBXMSIP-...
m— 1 000 % User Time  _Total Proces... V\PBXNSIP-...

Figure 14 - PBXnSIP + NBE-2.0 No call load

Since earlier testing had shown that PBXnSIP on the server worked best at 8 cps (with 110 calls total).

This was used a starting point for load testing. The first test scenario run was 12 calls at 8 cps with

duration of 10 seconds.

18 July 09



@ SANGOMA

i - [Bx]
@5 File Window Help =] X_J
i PBXnSIP Load Testing - Test 2 TDM to SIP
90 ’
80
70
60
o
il
5 so
P
40
30
20
10
0
Last 80,469 Average 76,326  Minimum 39.063 Maximum 93,750 Duration 1:40
I Color | Scale | Counter | Instance | Parent | Object | Computer |
m— 1,000 % Idle Time _Total - Proces... 1\PBXMSIP-...
m— 1 000 % User Time  _Total - Proces... \\PBXMSIP-...

Figure 15 - Test 2 - 12 calls, 8cps, 10 seconds

Since the system was able to handle 8cps from NBE, the calls per second was increased to 12 for the
next test. Figure 16 shows the load results of 12 calls at 12 cps with duration of 10 seconds.

5, aEE

@ File Window Help ;@3‘_]

PBXnSIP Load Testing - Test 2 TDM to SIP

100
a0
80
70
60

50

% used

40

30

20

Last 78.906 Average 76.555  Minimumn 45.313  Maximum 94,531 Duration 1:40

I Color | Scale l Counter J Instance | Parent | Object I Computer ]

m— 1,000 % Idle Time _Total --- Proces... \\PBXNSIP-...
m— 1,000 % User Time  _Total - Proces... 1\PBXNSIP-...

Figure 16 - Test 2 - 12 calls, 12 cps, 10 seconds
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Results
The testing has shown that the 2U Rockbochs system can easily handle the load generated by using
PBXnSIP, NBE-2.0, and a Sangoma A200 with 12 FXO lines. At the worst case scenario, with all 12 analog
lines ringing at once the load of the system did not go below 40% during channel setup and stayed
around 70% idle once the call was connected.
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XnS BE2.0 w/ A20006DE TDM-1V
Test Description

This test was to see what the system load was like when calls were sent from NBE-2.0 to PBXnSIP’s
internal IVR. The call diagram for this test is shown in figure 17.

‘oca Loopback ! ll

Sipp running as UAC Asterisk
A400D/12FXS PBXnSIP IVR

NBE 2.0
A200D/2 Remoras/12FXO

Figure 17 - TDM to IVR Test Scenario

The same custom SIPP scenario was used to generate the calls and send them to an Asterisk system.
The Asterisk server then sent the calls out FXS interfaces to the PBXnSIP system running NBE-2.0.
PBXnSIP was set answer the calls and playback an IVR greeting.

Test Procedure

To start the test Sipp was set to generate 12 calls at 12 cps with duration of 5 seconds. With these test
parameters a strange behavior was observed from the NBE/PBXnSIP system. One of the 12 calls was
never answered, causing the test to fail. Figure 18 shows the log files from PBXnSIP.

[5] 2009/06/19 09:06:26: Identify trunk (IP address and domain match) 4

[5] 2009/06/19 09:06:26: Trunk NBE Gatway (not global) sends call to account 70 in domain localhost

[5] 2009/06/19 09:06:26: Identify trunk (IP address and domain match) 4

[5] 2009/06/19 09:06:26: Trunk NBE Gatway (not global) sends call to account 70 in domain localhost
I [3] 2009/06/19 09:06:26: DoS protection: Not accepting more calls

[5] 2009/06/19 09:06:41: Identify trunk (IP address and domain match) 4

[5] 2009/06/19 09:06:41: Trunk NBE Gatway (not global) sends call to account 70 in domain localhost

Figure 18 - Test 3 - PBXnSIP log file

According to PBXnSIP when the system load gets over 75% PBXnSIP will stop accepting calls to defend
against a Denial of Service attack. Figure 19 shows the load results from this test run confirming that the
load gets to this level (NOTE: the load graphs are generated by Windows Performance Monitor at 1 sec
intervals)
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Figure 19 - Test 3 - 12 calls, 12 cps, 5 second

Since 12 cps was loading the system too much the next test was performed with 10 cps. Figure 20
shows the load results from this test run.

& B
BT File  window Help -2 x|
i PBXnSIP Load Testing - Test 3 TDM ko IYR
90
80
70
60
=
il
3 =0
S
40
30
20
10
0
Last 78,125 Average 78,627  Minimurm 37.500 Maximum 95.313 Duration 1:40
|Color | Scale |Counter Instance | Parent | Object | Computer
1.000 % Idle Time _Total Proces... \\PBXNSIP-...
m— 1,000 % User Time  _Total - Proces... \\PBXNSIP-...

Figure 20 - Test 3 - 12 calls, 10 cps, 10 second
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Results
Testing showed that sending the calls to an IVR reduced the number of calls per second that the system

could handle as the load dropped below an acceptable level. If the system will send all calls to an IVR
system it is therefore recommended that the incoming calls be limited to 10 calls per second.

Testing also showed that IVR playback does not affect the steady state load once the channel was

started indicating that channel setup was the main factor in the number of calls the system is able to
handle.
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