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Abstract
Many approaches have been attempted in producing a reverberation effect digitally.  Some argue that a simple comb filter is not realistic enough to simulate a reverb in a room.  However, limitations of computational abilities have always restricted a real reverberation simulation.  Even though simulating reverberation is a complex and troublesome process, using Max/MSP computational objects, a simplified reverberation simulation can be produced through analysis of how a single sound vector travels, reflects, decays, and alters through a rectangular room given set parameters like humidity, smoothness and set absorption of walls, and propagation in the X-Y plane only.

Introduction
Like other audio signal processing and simulations, many previous researches and attempts to recreate certain sound or musical qualities had been constructed to satisfy their believability and realism toward listeners.  Reverberation, in this case, has several artificial substituting approaches, which avoid the total complex calculations of real reverb.  One of the most popular approaches of artificial reverb is the feedback comb filter.
Simply speaking, a feedback comb filter simulates a series of echoes delayed with each other, hence reproducing the addition of early reflections and delayed sounds that has been bounced back to the listener, which are smaller in amplitude or lower in volume.  Even though this is takes a lot less computational abilities of a computer, it accurately represents sound within a closed chamber echoing off walls continuously.  However, this approach lacks information on the room the sound propagates in.  It does not consider the dimensions of the room, the characteristics of the walls of the room, and the distance between the sound source and the receiver and how their relationships enforce a different sound quality.
On the other hand, M.A. Gerzon observed the poor quality of a single feedback comb filter; therefore, he suggested a feedback delay networks with multiple filters that would reinforce each other and make a better quality sound that is richer.  In addition, a more intuitive approach using Gerzon’s idea by M. Jot is collaborated, which uses a “systematic FDN design methodology allowing largely independent setting of reverberation time in different frequency bands” (History of FDNs for Artificial Reverberation, Stanford).  This application is more coherent to reality, because in fact, walls in an enclosed space absorb and react differently to different frequency bands of sound.
Therefore, for this project, an approach for artificial reverberation is attempted, in a way, similar to all studies done for reverberation.  However, for the given amount of time and Max/MSP’s lack of recursive processing, the attempt of artificial reverberation is simplified.  Thus, before creating the actual structure of the simulation, all the factors and characteristics of reverberation needs to be clearly established.  Then, a simple physical reverb approach can be tackled.
Reflections
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Early reflections are the first sounds a receiver hears from a sound source.  Other than sound directly coming from source to receiver, these are sound vectors that travel a short distance to the receiver after reflecting off walls.  Usually, the difference between the delay of the direct sound and early reflections is to be short, in order to make a desirable acoustic.  Early reflections are usually simulated using shorter delay lines.  In addition, these can be observed to be mixed in with the direct sound wave; also, the end of early reflections indicates the beginning of all the mixed waves coming from the late reverberation.  Reverberation, in essence, is the sum of all the delayed sound waves off walls in addition to the direct sound and early reflection.  One thing that is also important to consider is that sound the amplitude of sound is inversely proportional to distance (Inverse Square Law); hence, once a sound has reflected off a wall, its amplitude has already decayed for traveling the distance, not considering that part of the sound’s energy has been absorbed by the wall.
 Wall Absorption
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Not only does sound reflect off walls, part of the sound energy is emitted through the wall; hence, only part of the sound wave is reflected.  Even though the sound wave still reflects the same way, as in reflecting off with the same angle it hit the wall, the amount of sound reflected depends on the characteristics of the wall.  Some walls can have higher absorption coefficients, which makes the reverberation time lower for a room.  Also, walls absorb different frequencies selectively.  Walls absorb higher frequencies much more than lower frequencies.  For better observation of this concept, the figure (The Fridge, Architectural Science Lab) on the bottom shows the increase of absorption as frequency increases logarithmically.  In fact, the absorption relationship can be altered depending on configuration of the wall.  Some configurations can actually minimize the amount of frequencies absorbed.  In other words, instead of having a low pass filtering, a wall can be configured in such a way so that it absorbs as a notch pass filter.  Therefore, engineers can build walls that narrow the notch band, so that walls do not contribute in lowering the quality of the original sound.  However, there is one other important factor walls impose on reverberation, which is dispersion.
Sound Dispersion

Depending on the roughness or smoothness of a wall, sound waves can reflect evenly or unevenly.  In essence, this refers back to reflection at a lower level where sound reflects depending on the angle it hits the wall.  Uneven wall surface will reflect sound waves unevenly, as shown in the figure (Hyper Physics Concepts) below, which can cause artifacts to a sound.  Uneven dispersion can cause different directions to have more intensity of sound and others to have less.  As a result, the listener would hear a different reverberation effect instead of the desired evenly dispersed sound.  However, for this project, dispersion is not considered due to this high dependency on wall characteristic, and addition to complex computations.  Also, other objects in the room can cause reflective results; however, objects in the room, ultimately introduces the concept of diffraction.
Sound Diffraction
This property of sound is due to sound’s wave property.  When sound waves meet with an obstructing object in a room, not only does it reflect, it goes around the object, and therefore, forming a new wave propagation.  Diffraction, in a way, is an occurrence where sound bends around the obstructing object.  This property of sound is highly considered in the design on acoustic chambers, so that the listeners do not here artifacts when listening to a performance.  In spite of this, the Max/MSP project does not consider objects placed within the room, or in other words, the project does not provide the option to place an obstructing object in the room.
The Listener
One would assume that a person’s ears are two microphones receiving sound waves from the air.  However, the human ears are not as simple as it may seem.  The difference between the two ears being placed on opposite sides of the head enforces a difference in delay time of sounds, which allows a person to estimate the position of the sound source.   The head acts as an obstructing object, which also causes the sound to diffract around it.  Therefore, the two ears will hear different forms of the propagating sound.  Also, the human shoulders impose vertical reflections, which causes human to determine altitude of sound sources.  The characteristic of human ear’s as a receiver is complicated; therefore, for the project, it is simply treated as two receiving microphones 0.2 meters apart.
Conclusion
After considering all the characteristics of sound within a room, an accurate simulation of reverberation is very complex.  However, continuous approach to tackle the problem still exists, like the hardware M3000 Studio Reverb Processor by T.C. Electronic.  In the other hand, this Max/MSP project reflects upon the idea of sound reflection depending on a rectangular room, position of source and receiver, and wall frequency absorption.
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