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ABSTRACT

Start The level of transference of NGN is just beginning as the introduction of Access Gateway in korea at
present, but VoIP will keep developing continuously to the NGN integrated network until 2007 or 2010. This
research is finding the meaning and assignment of VoIP QoS to deduct how to manage the control system and
presenting the QoS control process and trial framework. The trial framework is the modeling of the QoS
measurement metrics, the measurement time schedule, the section, hierarchy, instrument, equipment and method
of measurement and the series of cycle & the methodology about analysis of the result of measurement. The
objective standard of quality in communication service is guaranteed not by itself but by controlling and
measuring continuously. Especially it’s very important time to maintain the research about VoIP QoS

measurement and control because the big conversion of new network technology paradigm is now spreading.
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