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Sound Effects Implementation in Visual DSP++

ABSTRACT:
Sound processing is one of the many applications of Digital Signal Processing. Different effects can be performed with various filters. In this project we will describe some processing methods using sound signals. Then we will show how to implement these filters and compare their outputs.
This project of sound processing has been chosen because it is the bases for manipulating sound in DSP and because of the increasing demand for different virtual effects in music and audio.
All musical programs are produced in basically two stages. First, sound from each individual instrument is recorded in an acoustically inert studio on a single track of a multi-track tape recorder. Then the signals from each track are manipulated by the sound engineer to add special audio effects and are combined to in a mix down system to finally generate the stereo recording on a two-track tape recorder. The audio effects are artificially generated using various signal processing circuits and devices, and they are increasingly being performed using digital signal processing techniques. They can be done by Time-Domain Operations and Frequency-Domain Operations.

INTRODUCTION:
For years musicians have been using different techniques to give their music a unique sound. Some of these techniques were found by accident, while others were found after a lot of work and experimentation. While the effects have not changed much in the past few years, the ways in which these effects are produced in recent years, there has been a movement away from analog signal processing towards digital signal processing of music. This movement has allowed for very precise and easily reproduced effects.
Sound effects or audio effects are artificially created or enhanced sounds, or sound processes used to emphasize artistic or other content of films, television shows, live performance, animation, video games, music, or other media.

Sound effects describe the circumstances of a dramatic audio situation. They can be used for such things as setting and place, conveying action, solving certain narrative problems, and evoking characterizations like:
A. Usually in a recording studio the object is to reproduce the sound as accurately or as cleanly as possible. In radio theater, and particularly in sound effects, recording technique often depends on the "degradation" of sound. You are changing the sound to establish and maintain the picture you want to create in the mind of the listener.

B. Sound effects should be used sparingly. Too many effects, or too much of one sound, will alter the attention of the listener away from the story, and will slow the pace of the action.

C. Sometimes it is better to skip all the active running footsteps, and simply go on to the next dramatic scene of action. "Cut to the chase."

D. Real sounds are more convincing than synthesized ones. But most things do not make the sound we think they make. 

1. Most effects you hear - especially in the movies - are actually the result of at least two people, long after filming, doing something with two or more objects, probably unrelated to what you are supposed to be hearing. 

2. A sound effect most often consists of more than one part - usually several parts. It's like a mini-drama, with a beginning, middle, and end. It is meant to indicate some action or event, and it should follow through to complete that action. 

3. A door opening isn't just one click of the latch. Answering the telephone must be more than the simple and quiet click we actually make picking up the receiver. Rattle, rattle!

E. In general, the listener should hear the sound effect before the dialogue or action refers to it, if it is referred to at all.

F. Acoustic Space - what space does it sound like this is happening? Does it match the intent? 

1. Pre-recorded sound effects records and tapes, and even CDs, are recorded in a particular place and sound environment. This probably is NOT the same "acoustic space" that your actor's are, or where you want them to sound like they are. An effect that doesn't sound like it's in the same place as the actors can destroy the image you were trying to build for the listener. Don't have a person walk outside, and slam a door with lots of reverberations around it. 

2. It gives you greater choice of sounds, and better control over them. Record sounds from close up, from various distances, and perhaps even with different microphones. Also, keep all the effects you record. You never know when you might need them again - or someone else will. Most producers have racks of un-catalogued tapes full of sounds they have recorded.

G. Music follows similar rules to sound effects, and may be used as sound effects.. Sound effects have an action content. Music has a reaction, or internal, emotional content. So, in general, you will most often introduce the effects (action) first, and the music (reaction) after it.

1. Thematic Music - up front; use for open and close, transitions, under credits, etc. Sets the tone of the work. 

2. Underscore Music - dramatic subtext; match the mood of the piece, but not interfere with the other elements of the sound mix. 

3. A musical "sting" is made up of more than one note, probably more than two. 

4. Music shouldn't be mixed too loudly, or it draws attention to itself, and away from the action. It may also interfere with hearing dialogue or effects. Music in frequencies different from those of human voices, etc., can be mixed louder without interfering, and can be more strongly integrated into the sound collage.

5. Music is the straightest path to the emotional centers of the mind. Other sounds - dialogue or effects - must be translated and understood first. So, dialogue and effects might be used to set up the situation, and music makes it pay off. 

METHODOLOGY:
We worked on producing echo effect using the single echo filter and the multiple echo filter. It was a very interesting project, but we found the filters to be limiting in their effects. We wanted to experiment with filters which will produce a better and clearer output effect. This also encouraged us to work on other concepts like delay, reverberation, flanging, and equalizer.
In this report, we have described some of the filters we used to enhance audio and also the response plots of the filters.

Delaying: 

The delay is one of the simplest effects out there, but it is very valuable when used properly. A little delay can bring life to dull mixes, widen your instrument's sound, and even allow you to solo over yourself. The delay is the also a building block for a number of other effects, such as reverb, flanging, chorusing. 

Simply put, a delay takes an audio signal, and plays it back after the delay time. The delay time can range from several milliseconds to several seconds.

Reverberation:

Reverberation is the result of the many reflections of a sound that occur in a room. From any sound source, say a speaker of your stereo, there is a direct path that the sound covers to reach our ears. But that's not the only way the sound can reach us. Sound waves can also take a slightly longer path by reflecting off a wall or the ceiling, before arriving at your ears. A reflected sound wave like this will arrive a little later than the direct sound, since it travels a longer distance, and is generally a little weaker, as the walls and other surfaces in the room will absorb some of the sound energy. Of course, these reflected waves can again bounce off another wall before arriving at your ears, and so on. This series of delayed and attenuated sound waves is what we call reverb, and this is what creates the 'spaciousness' of a room.
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In this project various effects on pre-recorded sound, that may be voice or music, including:

1. Delay 

A delay takes an audio signal, and plays it back after the delay time (several milliseconds to several seconds)
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2. Multiple Echo
This filter realizes infinite number of echoes spaced "R" sampling periods apart and with exponentially decaying amplitude. 

The Block diagram of the multi-echo filter is given below.
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Its Transfer function is given by 

H(Z) =  Z-R / (1 - alpha * ( Z-R))
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3. All pass Reverberation 

To develop a more realistic reverberation, a reverberator with an all pass structure has been implemented
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Its transfer function is given by

H(Z) = (alpha + Z-R) / (1 + alpha * Z-R)
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4. A Natural Sounding Reverberation (Schroeder's Reverberator)
In this case we try to simulate with a combination of 4 IIR filters and 2 All pass filters. We can have a general model of standard reverberation filter. With a suitable choice of decay factor, and delay units, we can have a more natural reverberator. This duplicates the sound that occurs in a specific closed space, such as a concert hall.
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will be implemented while first importing an audio file to visual dsp++ from matlab and then manipulated to produce output on speaker system. 
RESULTS:

Audio manipulating contains a large variety of effects and filtering schemes. By implementing different filtering techniques, we obtained different sound effects. By the application of DSP, sound quality can be improved. At the end of these simulations we saw that when delay scheme was applied on an audio file, a sound was produced which was the delayed version of the original file i.e; produced after delay time of several milliseconds to several seconds and also on application of echo, the output produced seemed to be coming from different directions simultaneously after different time intervals. Reverberation effects were also created when an audio file was provided on input and as output a sound was produced showing an effect of being in an enclosed space causing a large number of echoes to up build up and then slowly decay as the sound is absorbed by the walls and air. This was most noticeable when the sound source stopped but the reflections continued, decreasing in amplitude, until they can no longer be heard.
CONCLUSION:

Music signal processing includes a wide variety of effects and filtering techniques. Many of the algorithms discussed can be implemented quite easily with a few lines of MATLAB code. The effects covered above have been around for quite some time but can still be heard in many of the bands we listen to today. In the past the effects were implemented with analog technology, or in some cases two tape reels spinning at different speeds. Today, however, almost all musical signal processing effects are done digitally allowing for a wider variety of manipulation. We are able to see that in the past few years, how sound quality has improved tremendously. This will be greatly useful wherever sound transmission or its processing is done.
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