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ABSTRACT

In the trend of telecommunication liberalization in Taiwan, the government has opened up to private operators that manage various

telecommunications services since 1998 and each new open to the telecommunication industry attracts a large number of inputs.

After years of competition and under the problem of the high cost of investment and customer penetration. Four companies which

claim on the fixed-line business in domestic industry, but Chunghwa Telecom still dominate Relative to fixed-line telephone charges

have been stubbornly high, consumers can only way save costs through various ways. A variety of telephone charge programs are in

response to the telecommunications market liberalization and the Internet telephony services that the government officially open up

to For example, most VOIP gateway promotion programs among the companies often see VoIP, Mobile Festival fees, MVPN,

second-class telecommunication charges, etc., How to choose a best way of saving the high fee rate, an easy way to use, high security,

and no major changes in existing one, is the positive direction for many domestic public and private units so far. This article aims to

the case study of National Chi Nan University, explains how to integrate telecommunications services and to establish a program to

support for Direct Inward Dialing (DID).
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