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ABSTRACT

There are many visual monitor systems launched in the market which mostly focus on real-time image transmission、development

tableau trace and remote-control. However, if we can apply the sound wave system and trace its original signal sending position to

the burglarproof system, we certainly can upgrade the effectiveness of monitoring system. In the paper, there are two major segments

discussed: one is to precisely identify and to receive two separate sounding patterns with two sets of microphones in terms of

Back-propagation Neural Network; two is to transfer the correct phonetic identity to PLC Controller by using the CCD trace to

access the image then using PLC Controller to get the Relay outputs in order to open the door, to lighten or to function other

electric equipment. The paper is to apply Back-propagation Neural Network into practice and enhance our artifact Ural intelligence

into our daily sensory monitor appliances.
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