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Problem/Topic:
In this project, my goal is to emphasize on digital filters.  In audio or music application, filters are used to remove unwanted sound or noise. In more general terms, filters can be anything that modifies the sound.  There are many kinds of filters today, and one most important type is digital filter.  However, in this project, I want to take more deep analysis on digital filters, such as its structure, computation, and concepts.  Also, I want to know how a digital filter modifies sound and how are we able to design a digital filter.
My Background Understanding:

Digital filters are operating on digital signals, which modify input streams of numbers (signals), and produce new sequences.  A digital filter is taking samples and discrete values from real-world sound, and modifying the data to produce “wanted” sound or signals.

The Controversy:
There are many types of digital filters are used today, such as low-pass, high-pass, band-pass, FIR, and LIR filters, and they operate in different way and purpose.  This research will emphasize which one is better for audio processing.
My Interest:
This topic is interesting because filters are not only used for audio or sound.  In many other kinds of signal processing, filters are important factor that produce accurate or “wanted” signals.
Why This Topic Is Important and Relevant to Other People:

Filters are important devices for signal processing, and digital products and devices are mostly used in today’s world.  It is important to understand about digital filters, so we can understand the way filters modify the signals.

Relevant Software:

In this research, C++ program is important software to use because digital filter can be only a formula that modifies the signal, so C++ programming might be able to do that.  I also hope that Max/Msp can also help this research, such as demonstrating the filtered and unfiltered audio signal, which allows us to realize the differences of sound obviously. 
Design and Implementation:
Designing a digital filter needs to consider a lot of parameters.  My intention is to design a filter with given audio signal parameters, such as frequency, amplitude, and phase.  This implementation might be able to be done with computation and formulas in programming.
