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A Measurement-based Quality Evaluation Scheme for Mobile VoIP Service over Wireless
Broadband (WiBro) Networks
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ABSTRACT

Currently the telephone service using Internet grows and the recent introduction of a smart phone is expected to accelerate the
trend. In particular, considering the domestic situation that the wireless broadband (WiBro) system deployed over the nation, the
telephone service over WiBro can be a solution toward its fast expansion. Unlike telephone service over a conventional telephone
network or mobile network, however, internet telephone cannot guarantee it service quality, which can be severer in a wireless
environment such as a WiBro network. Therefore, a more strict and systematic management for controlling the quality of internet
telephone service over WiBro in a more efficient way. As the first step to establish the management system, this paper proposes a
scheme to manage the quality of internet telephone service over WiBro and introduces a software developed for the purpose. The
developed software is installed on a user terminal and facilitates efficient service qualtiy management by measuring the quality of
internet telephone service over WiBro in terms of VoIP metric, network metric, and wireless metric.
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VoIP (Voice over Internet Protocol), WiBro (Wireless Broadband), Service quality management, Service metric measurement
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Fig. 2 Measurement of telephone service quality using E-Model
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