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ABSTRACT 

 

This paper presents an extension of the Erlnag-B model for traffic engineering of Voice over IP (VoIP). 

The Erlang-B model uses traffic intensity and Grade of Service (GoS) to determine the number of trunks 

in circuit-switched networks. VoIP traffic, however, is carried over packet-switched networks, and 

network capacity is measured in bits per second instead of the number of trunks. In this paper, we 

propose a new measurement scheme to translate network bandwidth into the maximum call load. With 

this new metric, the Erlang-B model is applicable to VoIP. 
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1 GENERAL 

 

The Erlang-B model has been used by the telecom industry to determine the call capacity of circuit-

switched networks for many years. We conducted experiments to measure the maximum call loads based 

on various voice codec schemes, including G.711, G.729A, and G.723.1. Our results show that call 

capacity is most likely constrained by network devices rather than physical connections. Based on this 

result, we recommend considering both packet throughput (pps) and bit throughput (bps) in determining 

the max call load. If network capacity is constrained by pps, codec schemes would have almost no effect 

on the maximum call load, while the sampling rate could easily double or half the call load. 

We are proposing to use the max call load as a comparable measure of network trunks. With this 

modification, the Erlang-B model is applicable to determine the call capacity of VoIP networks. SIP call 

manager or softswitch can then apply the Erlang-B model to implement a Call Admission Control 

algorithm to accept or reject an incoming call request on the packet switched network that does not 

“naturally” provide ablocking concept. 

 

2 CONCLUSIONS 

 

The traditional calculation of max call load is based on network bandwidth, and our experiment shows 

that this approach fails to work on routed networks with high speed links. Our experiment shows that 

packet throughput of network devices is likely to be the constraint for VoIP traffic. When doing traffic 

engineering for VoIP network, network administrators should calculate not only the physical bandwidth 

of network interfaces but also the capacity (measured in pps) of network devices. If a network device is 

the limiting factor for VoIP, codec schemes would have no effect on the call capacity; instead, sampling 

rate could easily double or half the call load. We also acknowledge one deficiency in applying the Erlang-

B for VoIP traffic. Many VoIP implementations support silence suppression. During the silence time, the 

VoIP end-device (an IP phone or a VoIP gateway) may not transfer any packet while the Erlang-B model 

assumes the same packet transmission rate as the talking state. This issue could be addressed by applying 

a new model for traffic intensity as presented in [9], and such a model is a direction of our future 

research. 
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