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 Colas, a Danish paving company had decided to change their 
current phone system to a VoIP based Avaya system. Colas have 
250 employees and a network comprising of 200 phones,  12 
switches, 10 servers, 1 Avaya IP office,  250 pc´s and printer s. 
Colas’s requirement was to obtain assurance that the existing IT 
infrastructure was capable of successfully handling the VOIP traffic 
loading before the installation of the Avaya system.  The reseller 
for Avaya had to prove to Colas what the system limitations would 
be and if any changes or upgrades were required in the network 
infrastructure prior to installation. The reseller decided to use the 
Codima Toolbox for the VoIP Readiness testing. Codima provided 
the reseller with the product as well as consulting to perform the 
test. 
  
The steps taken were: 
Firstly, an inventory of all devices on the network was performed 
along with drawings showing how every device on the network is 
connected as well as what is loaded on the different devices. This 
includes everything from servers, switches, routers, printers, PC’s 
etc. 
Secondly, the network was tested to show how many concurrent 
calls could be made before degradation of service was observed. 

The case study 
 

Diagram One 

Testing began with a site visit during which the Codima Toolbox was installed 
and connected to the network as shown in Diagram One. After a complete 
inventory of the network was performed, the VoIP Readiness testing was 
performed over the longest path through the network (Diagram Two) to show 
the worst case scenario for the VoIP Traffic.  The test was a Full-Duplex point 
to point loading test which was run continuously for 1 week to show the 
utilization and influence on the VoIP traffic both inbound and outbound over 
that period. 
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Diagram Two 

The VoIP readiness  on one subnet testing from A to B  
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This report illustrates the effect of varying the Phone Loading on the 
percentage of RTP frames that are lost by the network in the Test Path 
as a Service Level. 
 A green value indicates a good service level, orange a warning level 
and red a value outside of normal bounds.  Here  is a problem with 
downstream, needed to be solved in the switches  QoS 
configuration. 

Diagram 3 

This report illustrates the Quality of Service (QoS) experienced on  
the test connection in relation to Phone Loading expressed as a MoS 
Value.  
MOS (mean opinion score : standard - ITU P.800) The lowest possible 
MOS value = 1.0 (total lack of user satisfaction),  
The highest possible MOS value = 5.0 (perfect speech reproduction) 
(In practice, MOS scores rarely exceed 4.5.) 
Those values  are perfect for running  VoIP.  

Diagram 4 
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This report illustrates the Jitter experienced on the test connection in 
relation to Phone Loading.  
Jitter occurs due to varying transit delay over the test path.  
The delay varies as RTP VoIP media packets are held up in Queues in 
Routers and Switches due to congestion on the link.  
Phones contain Jitter Buffers that mitigate the effect of Jitter by 
providing an elastic “time buffer”.  
Packets that are too late are dropped by the Phone and are 
processed the same as Lost Packets. 
To improve Jitter performance the QoS engineering must be working 
properly and there must be enough bandwidth to support maximum 
Phone Loading. Those values  are within the recommended limits. 

Diagram 5 

Conclusion: After documentation of network measurements and conducted VoIP ready survey 
the setup needed to be changed was the switches' QoS configuration , to insure that  
the VoIP telephony solution would work without problems. 


