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Reverberation, shortened as reverb, is an audio effect which can be used to add "depth" to sounds. It is used in order to imitate acoustic characters of real spaces, such as rooms, halls, etc. There are basically three types of artificial reverberation systems: mechanical (plate and spring), digital and real acoustic chambers.

Plate and spring reverbs are very simple. Plate is having a large sheet metal contacted with transducer (speaker). This speaker is introducing the sound waves, sent in the input, to the metal sheet, causing it to vibrate. On the other side are located another transducers (microphones), converting the vibrations of the plate to output signal. Spring reverb is having the very same principle, but instead of metal sheet, the vibrating item is a spring. On both of these systems the reverb time is controlled by damping the vibrating object.

A digital reverb is using series of digital delays to simulate the reflections of a real room. To produce a realistic illusion of a real room the times, volumes and frequencies of these reflections has to be altered during the reverberation time. Most common parameters in these units are reverberation (decay) time, predelay and number and strength of early reflections.

Acoustic chambers are perhaps the simplest reverb systems around. It is actually a real room which is highly reverberant. On one side of the room is a speaker system, where the signal is routed, and on the other side are microphones which capture the reverberation (and the source signal). Reverberation time can be altered by moving the microphones or the speaker system, and altering the wall surfaces.

Usages

Mostly reverbs are used to create a feeling of a space, or "placing" a sound in an acoustic environment to a "dry" sound source, with only few, or non at all, natural reflections. In some cases the original sound can contain enough reverberation, so that external processing might not be needed. There is basically two kinds of ideologies in using reverbs, (or audio processing in general): naturalistic and impressionistic.

When using reverbs in order to create naturalistic illusions of a real place, the effect should be used with a great caution. There is many variables to be given a thought at. First of all we have to think about the distance of the sound source from the listener, its position in the stereo image (panning) and the type of the actual space. The closer the sound source is intended to be, the less reverb should be introduced, just like what happens in real life. When thinking about the actual space, where we are "placing" the sound at, we have to think about the room size, its form and surface materials. The basic rule is that the harder the surface material, the higher, and louder, the frequencies of the resulting frequencies. In fact, there is so many parameters, that you can spend a life time in calculating them. Easier, and more practical, way is to take an advantage of some of those modern effects units, (or software) which have all these mathematical formulas of acoustics wrapped inside. Other way is to record the signal with the natural reflections, or to utilize an acoustic chamber reverb. 

Reverb Reproduced from Modern Recording & Music magazine, May 1980. 

Associated with interior spaces (usually rooms) is the natural acoustic phenomenon we call "reverberation. " In contrast to "echo," where a sound is repeated and the repeat is heard as distinct from the direct sound, reverberation consists of very many repetitions of the original sound spaced so closely in time that no single repetition is distinctly audible. Rather than repeat the original sound, reverberation (or simply "reverb") has the subjective effect of making the sound "finger" and die away slowly.

Auditoriums and concert halls are frequently evaluated on the basis of their "reverberation time, " that is, the time that it takes for a sound to decay away to inaudibility. If the reverb time is too long, the room can make speech difficult to understand; too short a reverb time will make a room sound dry and lifeless.

In the recording studio it is frequently desirable to add reverberation to recorded tracks. This can be done by using either an acoustic reverberation chamber or by employing some sort of artificial reverberation unit. The acoustic reverb chamber consists of an isolated room equipped with a loudspeaker and a microphone. The recorded track to which reverberation is to be added is played back through the loudspeaker, thus stimulating the chamber's natural reverberation. The microphone is used to pick up the reverberation in the chamber and is normally placed away from the loudspeaker to minimize the pick up of direct sound. The signal from the microphone is then amplified and returned to the control room where it is mixed with the playback signal so as to add just the desired amount of reverberation. Acoustic reverberation chambers are usually used only where the highest quality reverberation is needed because they require the dedicated use of a fairly large room.

There are two basic families of artificial reverberation devices: the electromechanical systems (spring and plate type reverbs, for example) and the newer discrete time delay devices (ranging from simple delay line with feedback to fairly complex digital reverberation systems).

At this time there are probably many more spring reverbs in use than any other type. This is because of their low cost and small size in comparison to other units. But the small inexpensive spring reverbs also provide the poorest quality reverb; whereas the larger, more expensive spring reverbs can provide reverb quality approaching that of good concert halls. 

The operation of the spring units is quite simple. A spring is suspended on an isolated mount and is excited at one end by a loudspeaker-like transducer which transforms the audio signal into vibrations in the spring. The sound waves induced in the spring then reflect all along the length of the spring and excite many reflections, much as sound in a room excites many reflections. Finally, the sound waves in the spring are detected by a microphone-like transducer at the other end of the spring; then the reverb signal is amplified and made available at the output of the unit. The signal is returned to the control room and mixed with the direct signal in the desired proportion.

The plate reverb seems to be the unit of choice in many recording studios because of its bright, highly diffuse sound. Unlike some spring units, plate reverbs are neither inexpensive nor small; but they provide consistently high-quality reverberation. Don't get the wrong idea about spring reverbs though, at the high cost end of the spectrum are some truly excellent spring reverberation units, clearly competitive with plate units in the sound quality of the reverberation they provide.

As with spring units, the plate operates by being excited by a loudspeaker-like transducer at one end setting up sound vibrations in a large steel plate which is carefully suspended in an isolating enclosure. The sound waves are reflected throughout the plate much as they would be in a highly reverberant room. The reverberant sound field is then detected through the use of a microphone-like element attached to the plate. The reverberation signal is then amplified and provided to the output of the unit for return to the control room. For best results the plate enclosure should be located in an isolated environment to minimize the pickup of stray sounds.

Another type of electromechanical reverb is the "foil" reverb which is similar to the plate reverb except that the steel plate is replaced by a sheet of gold foil.

The second family of reverberation devices, the discrete time delay devices, is quite young. The first of these appeared shortly after the first digital delay units hit the market. In fact, many digital (and analog) delay lines have provisions for feedback and indeed claim to provide "reverberation" when used with large amounts of feedback. This can be misleading, since the output of a simple recirculated delay line typically sounds very "electronic" and not at all like a room. But there is at least one digital reverb currently available which uses a highly complex system of recirculated discrete time delays to provide very high quality artificial reverberation.

It's difficult to make an objective evaluation of the audio quality of a reverb because so much has to be based on subjective listening tests. An overall impression of the frequency response of the unit can be obtained by driving the unit with pink noise (a test signal containing random noise with equal energy per octave bandwidth) and observing the energy distribution of the output reverb signal. For minimum coloration the output should have a flat amplitude response over the audio spectrum. This only tells part of the story though. It's also important to know how the frequency balance tends to change as the reverberation decays away. If the lower frequencies decay more slowly than the high frequencies, then the reverberant sound will have more bass as it decays and may tend to sound "warm." On the other hand, if the highs decay more slowly, the sound will have more treble as it decays and may tend to sound "bright. " An idea of the character the reverb will take on as it decays can be obtained by measuring what's called the "signature" of the reverb, or the decay time of the reverb in one-third octave bands. Those frequency bands with longer decay times will tend to dominate as the sound decays. Again, for minimum coloration we would want the reverb signature curve to be flat over the audio spectrum. About the only other meaningful measurement we can make on a reverb unit is to measure the noise level at its output compared to its nominal signal output level. 

There are only a few front panel controls on most reverbs. It's appropriate to provide an input signal level control and some sort of signal level indicator. In addition, some of the better spring units, and most of the digital units, provide a means of adjusting the decay time. The best units provide some degree of control over the reverberation signature, typically allowing independent variation of the high and low frequency decay times. This provides a great deal of control over the coloration of the reverb. Some units also provide multiple band equalization on the reverb output; this allows the user to adjust the overall frequency balance of the reverb but does not affect the way the reverb decays (i.e., the reverb signature).

Artificial reverberation devices have become so widely used and accepted that a recording studio is hardly considered complete without one (or more). It's only necessary to look at the prices of the best reverbs (from a couple of thousand to several thousand dollars) to realize that the ear is highly sensitive to reverb colorations, and that the industry is willing to pay big bucks for truly excellent sounding reverberation.

