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A/D Converter - An Analog to Digital Converter (ADC) is an electronic device whose function is to convert signals from the analog domain into digital data. The data can then be recorded and manipulated within a computer audio workstation or stand alone digital recorder. 

ADSR - Attack, Decay, Sustain and Release are the four stages of an envelope that describe the shape of a sound over time. Attack represents the time the sound takes to rise from an initial value of zero to its maximum level. Decay is the time for the initial falling off to the sustain level. Sustain is the time during which it remains at this level. Release is the time it takes to move from the sustain to its final level. Release typically begins when a note is let up. In most sound generators, the time and the value reached are programmable.
Aftertouch - MIDI data that is transmitted by a digital keyboard after a key has been struck and additional pressure is subsequently exerted on the key while it is being held down. 

AIFF - Audio Interchange File Format (AIFF) is a raw audio codec for storing digital audio data. 

Algorithm - A procedure or formula for solving a problem. In FM synthesis the term refers to the various sound producing structures employed. Also used in effects processors, particularly reverb, to artificially simulate acoustic spaces and other effects.

Amplification - Electronically increasing the power of a signal. 

Amplitude - The strength or intensity of a signal. Also, a measure of the relative power or height of a waveform. Typically, measurements are made in Decibels. 

Anechoic chamber - A special room that is constructed without acoustically reflective surfaces, such that it is without echoes, or an-echo-ic. 

Automation - Programming the control of volume, fades, or anything that may be manually performed by human function within the process of audio mixing. 

Appegiator - device for electronically creating a series of notes from a synthesizer. Rather than playing held notes simultaneously, the arpeggiator plays the notes in series. On some synthesizers this may be a simple iteration of the held notes in ascending or descending order, while on other synthesizers, very complex algorithms are employed to trigger notes in seemingly random and sometimes outrageous manners.

Attenuate - Attenuation is a general term that refers to any reduction in the strength of a signal, whether digital or analog. It is a natural consequence of signal transmission over long cable runs, or it may be purposely achieved with circuits to prevent overload and distortion in an audio signal path.

Bit Depth - In digital audio, the term is used to define the number of bits a digital device uses to process audio. While sampling frequency determines the outer frequency limits that a piece of hardware is capable of processing, bit depth refers to the dynamic range that can be captured during recording. The number of possible "levels" that can be recorded at 16-bit is 65,536, while this figure jumps to 16,777,216 using 24-bit hardware. The human ear is very sensitive to these levels, and given properly implemented converter designs, 24-bit recordings will sound more "open" than 16-bit recordings. However, it is also true that a top of the line 16-bit converter could sound better than a very poorly implemented 24-bit converter. Although bits and sampling frequencies are important specifications, the kinds of filters used, and the integrity of the audio path prior to the converters is also very important as to how a particular converter will sound.(See Floating Point)

Balanced - A signal that is divided into two antiphase signals, traveling on two wires (and sometimes with a third - a ground reference wire). Transmitting a balanced signal achieves better signal to noise ratio, and the signal is more immune to noise and interference. The receiving end requires a differential amplifier, which amplifies only the differences between the antiphase signals, thus canceling noise picked up on the way. The balanced system is used either when very low signals are to be transmitted over long distances (such as those generated from high quality microphones) or at broadcast audio studios for highest quality signal recreation. The balanced signal system is used in TP* (Twisted Pair) wire setups when it is essential to use non-coaxial wires for data, video or audio transmissions.


Cardioid - A microphones pickup characteristic, notably strong sensitivity to material presented to the front of the microphone, while sensitivity falls off from sources arriving at an angle of 90° or greater away from the front, and good rejection from the rear. The name derives from a representation of the polar pattern, which loosely resembles a heart shape. Prone to exhibit pronounced proximity effect, where bass frequencies are accentuated the closer the source to the microphone.(See Hypercardioid)

Center Frequency - The particular frequency to which a given filter-band in an equalizer is tuned to. Parametric equalizers are able to sweep the center frequency, providing a greater degree of flexibility to the EQ, while graphic EQ's have a number of fixed center frequencies. The amount of boost/cut that can be applied to the center frequency will also affect adjacent bands to a greater or lesser degree, based on the "width" or Q that is set on the filter.

Clipping - Clipping occurs in analog and digital audio circuits when the incoming signal exceeds what a particular device can accommodate. Visually, it results in the flattening of the signal peaks, as if the waveform had been "clipped" off. In certain analog circuits light clipping can have a positive effect, producing a pleasing distortion. In digital circuits the general rule is that clipping is to be avoided at all costs, since it produces a nasty and harsh sound.

Compression - The function accomplished with an audio compressor. A circuit is employed to reduce gain by a variable amount when the output begins to exceed the preset threshold. In wireless microphones, the process of reducing the dynamic range of the audio signal by a factor of 2:1 via a logarithmic compressor for transmission.

Compressor - A circuit that performs compression of an audio signal. By setting the ratio and threshold controls, the user is able to tame large dynamic swings. For instance, a 2:1 ratio means that if the program material rises by two decibels, the output will only rise by one decibel, once the threshold setting has been exceeded. There are many uses for compressor, from controlling the large dynamics of live performances, increasing the overall level of a signal, increasing the sustain on a guitar or just evening out a performance. Other controls such as attack and release times will further modify the source material. (See Limiter)

Condenser Microphone - Type of microphone in which the capsule consists of conductive diaphragm next to a backplate. The entire assembly is given an electric charge, (often via phantom power) which basically creates a capacitor out of the capsule. Sound waves hitting the diaphragm cause it to move in relation to the backplate, producing a variation in the capacitance of the capsule. This in turn produces a variance in the output voltage, which can then be turned back into acoustic energy.(See Electret Condenser Microphone, Phantom Power)

Contact Microphone - A contact microphone receives its entire signal from being in contact with a particular surface and the resulting mechanical vibrations, not from airborne sound waves. Sometimes referred to as piezo or transducer microphones.

Control Surface - Available in many sizes and levels of complexity, control surfaces are used to control the functions of some other device, often a computer software program. Particularly in computer based audio recording and mixing, a control surface can replace the tiresome use of the computer mouse, and provides a physical connection with many or all of the parameters in a given piece of software. Additionally some control surfaces can provide additional features that are usually found on dedicated consoles, such as talkback facilities.

DAE - Digidesign Audio Engine is the underlying code that allows Digidesign software communicate with computer platforms and operating systems. DAE is required for third party software to access Digidesign hardware. Prior to HD systems, DAE was an actual separate application. For HD systems, DAE is now integrated into the Pro Tools application.

DAT - Digital Audio Tape. A two track 16-bit digital recording and playback system.

DAW - Digital Audio Workstation. Usually refers to a computer with audio recording, playback and editing features. Nowadays, entire projects can be completed on DAW.

D/A Converter - Digital to Analog converter. The opposite of an A/D converter where audio signals in the form of digital data are reconstructed back into an analog waveform. As with ADCs, DACs come in a variety of configurations and prices ranges, and vary in how faithfully the program material is reassembled. (See Jitter)



dB - The decibel (abbreviated dB) is a unit used to measure the intensity of a sound. However, the dB scale is not linear, rather it is a unit used to express the relative levels of two electrical voltages, powers or sounds. It is never an absolute value, but a logarithmic ratio measuring signal amplitude and power, allowing easy evaluation of very large or very small ratios.

dBu - Also sometimes referred to as dBv, it is dB referenced to voltage. 0dB equals 0.775 volts.

dBV - dBV also references voltage, but does so without regard for impedance. 0dB equals 1 volt. The dBV rating is most commonly found in reference to consumer equipment that uses operating levels of -10 dBV.

De-Esser - Device for reducing the effect of sibilance in vocal signals. Basically, a de-esser is a frequency dependent compressor, although these days such devices are very sophisticated and optimized in the way they tackle the problem of sibilance.

Diaphragm - The portion of a microphone that is mechanically moved by sound waves. The resulting interaction with a backplate or moving coil (depending on the microphone type) allows the conversion of sound energy to electrical energy. This energy eventually gets to a loudspeaker or headphone, where a roughly equivalent reverse process takes place as the cone moves in response to the electrical signal and produces sound energy.

Direct Box - Often abbreviated as DI (short for Direct Inject) used primarily as a device for matching the impedance of a source to the inputs of a tape machine or mixer. Typically, the output of a bass or electric guitar is a high impedance, unbalanced signal, that needs to be converted into a low impedance balanced signal, either for long cable runs to a live console, or for imputing into a recording device. The process also allows the electronics on these instruments to function at their correct levels, thus often improving the sound.

Distortion - A term that has taken on a specific meaning, but which is in fact much broader in its definition. Technically, distortion is any change in the shape of an audio waveform compared between two points in a signal chain. Therefore adding EQ and compression also adds distortion to the original signal. But generally the term refers to the desirable or undesirable "breaking-up" of audio (as in distorted guitars.)

Downsample - The taking of a audio file with a high sample rate, and sample rate converting down to a lower sample rate. Used in particular when a project is recorded at a high sample rate and the audio files need to be prepared for CD distribution.

Dropout - In wireless microphones, a loss of RF signal, which in turn results in loss of audio or audio that is noticeably noisy. Also refers to a small physical area where there is insufficient RF signal present to obtain satisfactory wireless operation. Dropouts are normally caused by multi-path or signal blockage due to some type of obstruction. Also refers to areas on oxide tape where there is a problem with the coating and where subsequently audio or digital data is not properly reproduced. Note: The term dropout also refers audio cutouts during playback in audio production software caused by a lack of available resources (CPU, RAM, or HD space/performance).

Dynamic Microphone - A type of microphone that consists of a diaphragm connected to a coil that operates in a magnetic field. Any movement of the diaphragm due to sound pressure levels moves the coil within the magnet, thus producing an electric current. Dynamic microphones do not require external power to operate, are generally more robust, and therefore favored for live use (although several manufactures are making condenser microphones specifically for live use.) The downside is that due to their construction, dynamic microphones are less sensitive to fast transients and don't have the high frequency response of the condenser variety.

Dynamic Range - The range in dB between the noise floor of a device and its defined maximum output level. The term applies to both audio devices and RF equipment.

Electret Condenser Microphone - As the name implies, a variation on a condenser microphone, but with a permanently charged plate in the capsule. This negates having to supply external power to the microphone. (See Condenser Microphone)

Envelope Generator - All sounds can be described in a variety of ways. One of them is the manner in which a sound evolves amplitude-wise, starting from silence to full volume to final decay. Or how the harmonic content changes over time. In synthesizers, these changes to an oscillator or filter are achieved using envelope generators. EG have various break points supplied to help adjust the rates and levels of the various parts of the envelope.



Equalizer - Hardware device or computer plug-in used to alter the frequency balance of an audio source. An equalizer has the ability to boost or cut specific frequency ranges based around a center frequency and can be used either creatively, to drastically alter a source, or in a corrective manner, such as in a mastering situation, to even out anomalies in a mix. Equalizers come in various forms, including parametric and graphic, active or passive. (See Filter, Graphic, Parametric)

Feedback - In acoustics, the undesirable leakage of audio from loudspeakers, back into the same microphone which is being used for originally capturing the audio. If too much feedback occurs, the system can go into self-oscillation, causing unpleasant howling or squealing. In electronics, such as power amplifiers, feedback can be used to achieve specific results, such as performing input/output comparisons.

Filter - An electronic circuit designed to attenuate a sound source's energy at a particular frequency. A true filter is always passive, in that it does nothing to add to the signal. However, most filters these days have amplifiers attached to them to allow the user to both boost and cut particular frequencies (active filters.) Multiple filters can be combined to create equalizers that are either passive, active or both.
(See Equalizer)

Flanging - Flanging is an audio process where two copies of the same signal are played together, with one variably delayed against the other. Originally created using two tape machines and "leaning" gently on the flange of one of the tape reels, today the effect is produced using digital effect processors. Feeding the processed signal back into the device to be processed again can deliver a more intense effect, although many are of the opinion that the original tape based method is still superior.

FM Synthesis - Originally developed by John Chowning of Stanford University, and later popularized by Yamaha's FM7 synthesizer, FM synthesis is a method of sound generation where a sine wave is modulated by one or more sine waves to produced a large variety of waveforms. Later incarnations of the process used many other types of waveforms for the carrier and modulators, producing an even wider palette of sounds. Know primarily for the pure bell-like and electronic piano tones

Frequency - In audio the indication of how many cycles of a repetitive waveform occurs during one second. A waveform that repeats once per each second has a frequency of 1Hz (Hertz.) Frequency also references to human hearing as pitch.

Frequency Response - A measurement of the frequency range that can be handled by a specific piece of electrical equipment or loudspeaker when referenced to amplitude. A graph of all the frequencies plotted versus level is the Frequency Response Curve of a particular piece of equipment.

Gain - The extent to which a circuit amplifies a signal. Usually part of an amplifier specification, its value is most often expressed in a decibel value.

Gate - A dynamic device that has the ability to stop audio passing through it based on a certain threshold. Originally designed to shut down audio output in passages with no program material (where tape hiss might be evident) or to lower bleed on drum microphones. Gates can also been used creatively, notably the gated reverb of Phil Collins' 80s drum sound.

General MIDI - An addition to the original MIDI specification that allows for consistent playback on any instrument that is GM compatible. Achieved by requiring that groups of sounds have very specific locations (a piano sound on one synthesizer will have the same location on another), that all instruments have 24-voice polyphony, and that certain continuous controllers are similarly defined. In theory, music sequenced for General MIDI should play back on any other GM instruments with the similar type of sound on the same MIDI track with any volume and pan information also being executed as written. (See MIDI)

Hertz - A unit of frequency, named after Heinrich Hertz, a 19th century German physicist. So if a complete single cycle of a waveform occurs over 1 second, the waveform is said to have a frequency of 1Hz.

High Pass Filter - A filter that attenuates frequencies below a certain cutoff point, while passing on frequencies above the cutoff unaffected. Sometimes referred to as low-cut filter.(See Filter)

Hypercardioid - A type of microphone pick-up pattern. Similar in shape to a cardioid pattern, except that the sides have the greatest amount of rejection, as opposed to a cardioid pattern where the rear of the microphone has the least sensitivity.(See Cardioid)

I/O - Abbreviation for input/output. In audio, the term refers to the physical inputs/outputs of a particular piece of equipment. Also used to describe any operation, program or device that transfers data to and from a computer.

Impedance - An expression of the opposition that an electronic component, circuit or system offers to AC or DC current. Impedance contains both resistive and reactive components, although generally only the resistive part of the circuit is usually quote in specifications as Ohms. So the higher the resistance, the higher the impedance.

Interface - A device that acts as an intermediary to two or more pieces of equipment. An audio interface for a computer allows signals generated by a preamplifier for example, to be communicated to the computer software. The software itself is also an interface, but in this instance it is between the operator and the computer itself.

kHz - The kilohertz is a unit of alternating current or electromagnetic wave frequency equal to one thousand hertz. The unit is used in measurements of bandwidth, but in audio can also refer to the pitch of a particular tone.

LFO - Low Frequency Oscillator. An oscillator that is designed primarily to operate below the threshold of human hearing (though not exclusively) and to provide modulation function. Often found in synthesizers and effect devices. For instance, vibrato, a cyclic variation of pitch is generated by modulating the audible portion of the signal with an LFO which, depending on its pitch of the LFO, will create a slower or faster vibrato.

Latency - Latency is an issue that can be found in several areas of audio production. In its broadest sense it means the delay that increases response time beyond the time desired. For instance, in a MIDI keyboard instrument, there is a slight delay, or latency, between when a key is struck and when the actual sound is produced. In computer based recording systems that use native processing, a delay exists between an audio event being imputed, and when the same event arrives at the monitoring stage. The delay will increase if the computer has to deal with any real-time processing. To avoid the discomfort that is experienced by this delay, many systems employ input-only monitoring during overdubbing.

Lavalier Microphone - A type of miniature microphone that is usually worn fastened to clothing or hung around the neck. Designed for situations where a microphone would be obtrusive, such as film sets or TV talk shows, the microphone is typically made with a steep high pass filter to reduce noise generated from the microphone moving against clothing. Also know as a clip-on or lapel microphone.

Limiter - Similar in principle to a compressor, a limiter is an audio processor that prevents the amplitude of an audio signal from rising above a certain threshold, regardless of what is happening to the amplitude of the source audio. Dynamics below the threshold are more or less unaffected. Certain compressors can in fact function as limiters if their ratio can be set to infinity:1. Uses for limiters include maximizing levels for CD release, optimizing recording levels for imputing into a DAW or when going to tape, or to protect users of in-ear monitors from sudden volume surges. (See Compressor)

Line Level - Although the term refers to the average level of a signal, these days use of the term is more specific and applies to the two line level references, balanced and unbalanced. Balanced or professional equipment operates at +4dBm or 1.23 volts, while unbalanced or semi-professional equipment operates at -10dBV or 0.32 volts. Although the distinction between professional and semi professional equipment is blurring, the important fact is that the two levels should not be speaking to each over. If two pieces of equipment need to be connected that use different line levels, then matching transformers need to be used. Otherwise the +4dBm signal will overdrive an -10dBV input and equally a -10dBV signal will not deliver enough level to a +4dBm input.

Lowpass Filter - A filter that attenuates frequencies above a certain cutoff point, while passing on frequencies below the cutoff unaffected. Sometimes referred to as high-cut filter.
(See Filter)

Low Impedance - A loosely defined audio term used to describe devices whose input or output impedance is less than approximately 5,000 Ohms. For microphones, Lo-Z commonly is 50 - 1,000 Ohms.

MIDI - Musical Instrument Digital Interface. Originally developed in the early 1980s to control one digital synthesizer from another, today MIDI is used to transmit almost every aspect of a musical performance. However, it must be understood that MIDI data is all about how a sound will be produced, not the actual sound itself. So data sent from one device to another could find itself being played with a piano sound while the original information was actually a drum sequence. General MIDI was in part introduced to alleviate this problem, except that the subset was really a consumer format and of not much use to the professional community. Amongst the command sets of MIDI are note-on, note-off, key velocity and pitch, modulation such as pitch bend, program changes, timing and many more. Its use has moved outside of strictly music and is used for lighting cues amongst other applications. The one great advantage of MIDI, apart from its ubiquity, is that file sizes are relatively small compared to what an actual audio file would be. The MIDI protocol uses eight-bit serial transmission with one start bit and one stop bit, has a 31.25 KBPS data rate, and is asynchronous. Connection is made through a five-pin DIN plug, of which only three of the pins are generally used. (See General MIDI)

MIDI Interface/Patch Bay - A means of distributing multiple independent MIDI streams usually based around a sequencing station. The original MIDI specification allowed for 16 discreet channels of information to flow through a single cable. With the arrival of multi-timbral synthesizers, a single stream of MIDI information could easily be dedicated to a single synthesizer, and any other units connected to the same source would also be forced to play the same information. By connecting a MIDI interface to a computer, most sequencing software is able to create multiple MIDI streams, each with 16 discreet channels of information that can then be routed to multiple sound sources. Along with MIDI patch bays, which are generally free standing, these devices are often capable of more than just distributing the MIDI streams, including the ability to filter messages, transpose certain channels and lots more.

MIDI Sync - Synchronization systems available to MIDI users that include MIDI Clock and MIDI Time Code.

MIDI Thru - A MIDI connector found on electronic synthesizers, that passes through untouched the MIDI data that is received by the MIDI input.

MIDI Time Code - A form of time code that is based around real time. Like SMPTE time code, the units of measure are hours, minutes, seconds, frames and subframes, but sent as part of the MIDI stream.
(See SMPTE Time Code)

MIDI Time Stamping - A term coined by MOTU to denote a method of coding MIDI data to allow the computer to re-trigger this information with grater accuracy. Before time stamping, MIDI transmission suffered from a certain amount of "slop" due to a sequencer program having to rely on the host computer's clock to manage timing issue. But with the advent of USB MIDI interfaces and time stamping, this is no longer an issue.

MP3 - MPEG-1 Audio Layer 3 is a standard established by the Moving Picture Experts Group for compressing audio files. Using perceptual coding, file sizes are reduced by a factor of 12, without too much damage to the sound quality of the original file. Indeed, some argue that because of the way data is discarded, there is no perceptible difference in sound quality between an MP3 and the original sound file. However, most audio professional would disagree. The format is used extensively throughout the Internet, both legally for demonstration purposes, and of course illegally, as in the recent Napster controversy.

Mic Level - The level of a signal generated by a microphone. Generally ranging between 0.001 to 0.005 volts, to make it useful for recording, the signal requires a microphone preamplifier to bring the signal up to line level.

Midrange - Often refers to the middle part of the audio frequency spectrum, as perceived by humans. For example, a midrange driver would be a speaker that was optimized for that particular range.

MiniDisc - A format introduced several years ago by Sony that allows recording and playback of audio to and from a small magneto optical disc with a capacity of 140MB. To be able to record 74 minutes of music, the technology applies a data compression algorithm called ATRAC that compresses the data by about 5:1, but also permanently changes the file on decompression. Therefore it is know as "lossy" algorithm. However, the advantages are a very compact size, a claim of 1,000,000 reuses of the media and the ability to random access data on the disc.

Mini-plug - A miniature phone plug, available in both mono and stereo versions. The most common size for audio use is 3.5 mm (1/8".)

Mixer - A device for summing two or more electrical signals. In general audio usage, a device to process and sum the outputs of two or more microphones or line level sources


Modulation - Modulation is the addition of a control signal to an electronic or optical signal carrier. In electronic synthesis, one example might be the sine wave output of a low frequency generator (LFO) being added to a pitched note produces vibrato. Another form of synthesis uses the principle of frequency modulation (FM) to generate a whole range of sounds, by modulating the frequency of an audible frequency with the frequency of another signal. AM and FM radio both employ modulation to broadcast their signals.

Monitor - In audio applications, the term is synonymous with a reference loudspeaker that is used for recording and mixing. They come in various shapes, sizes, configurations and can be passive (requiring an amplifier) or powered (built-in amplifiers.)

Multitimbral - An electronic synthesizer or sampler that is capable of playing back multiple parts simultaneously, each under the control of a different MIDI channel. Not to be confused with polyphony, which refers to total number of simultaneous notes (or voices) that is available to the whole instrument.(See MIDI)

Noise Reduction - A range of technique developed for reducing the amount of noise in an audio signal. Dolby NR is an example of a system designed to reduce the amount of tape noise that is inherent in the analog tape medium.

Omnidirectional - Describes a device such as a microphone or antenna that operates equally well in all directions.

Oscillator - An electronic circuit designed to generate a period electrical waveform at a particular frequency. Oscillators are found in computers, wireless receivers and transmitters, and music synthesizers. Early synthesizers used oscillators as the raw source for creating sound, using filters and envelops to shape the sounds.

PCI - Peripheral Component Interconnect, originally designed by Intel, is an interconnect system for sending data between the CPU and peripherals independently of the processor. Found on many desktop computers these days, not only those based around Intel processors, the standard allows for 32-bit transmission of up to 132Mb per second, and has found a use in such high data rate applications as digital audio and video. 64-bit PCI busses are also now available.

PZM - Pressure Zone Microphone. Also know as a boundary microphone. The microphone consists of electret capsule mounted to a backing plate, which is then placed on any kind of flat surface. Useful for conferences, ambient microphones or for recording piano where isolation from other sources is essential.

Panning - To pan, or panning refers to the act of moving the perceived location of a sound source within a stereo soundstage. Generally works by reducing or making louder the particular sound source in either the left or right channel of a stereo output. Although slightly more sophisticated electronics are used to control this movement accurately, the net result is the same. If a source is panned hard left, then it will appear at only the left speaker, and likewise with the right side. The amounts of signal present in both speakers will determine the exact location of the sound source in between the left and right sides in the stereo field.

Parametric Equalizer - An equalizer whose filters contain controls over three parameters. Frequency and gain/cut are obvious, but the third parameter is a little more complex, and refers to a measure of the sharpness of the resonant peak. In other words, with a narrow Q, gain or cut affects fewer frequencies adjoining the center frequency, while a wide Q will affect a greater number of adjoining frequencies. Expressed as a ratio, a higher Q factor indicates a narrower bandwidth, while a lower number indicates a wider response. Thus, assuming a constant center frequency, Q is inversely proportional to bandwidth. (See Filter, Quasi-Parametric, Q)


Patch - Also called a program, a patch refers to a single programmed sound on a synthesizer or sampler that can be recalled by a program change command. Also refers to a temporary fix for software that is publicly released, in which a bug was not previously found during the testing cycle. The patch is usually incorporated in the next software revision.

Patch Bay - A patch bay or patch panel is a means of bringing together the cabling from various pieces of equipment to a central location, thus simplifying interconnection. Developed from the days when operators manually connected two telephone callers by inserting a patch cord between two sources, patch bays today can be a little more sophisticated, allowing for more than just connecting one piece of equipment to another.

Peak - Maximum instantaneous level of a signal, peak is the maximum value, either positive or negative that a waveform achieves. Important in audio in that when a signal peaks beyond what a circuit can handle, distortion appears.

Phantom Power - DC voltage, usually 48V that is supplied to a condenser microphone using the signal cores of a balanced microphone cable. Condenser microphone need a source of power to function and nowadays most consoles and preamplifiers provide this feature.
(See Condenser Microphone)

Phase/Phase Cancellation - Waveforms are repetitious. That is, they proceed through regular cycles. Phase is defined as to how far along a cycle the waveform is, with 360 degrees being the point of a completed cycle. Most engineers take phase into account while capturing an audio source with multiple microphones, since audio hitting different microphones even with a small delay, can put the summed audio out of phase, which results in certain frequencies of the original sound source being attenuated or even cancelled. In fact, if a waveform is combined with an exact copy of itself but with the two being 180 degrees out of phase, they will cancel each other out completely.

Phone Plug - A 1/4" connector found on a lot of audio equipment. The name derives from the old telephone switchboards, which used 1/4" patching cables. Generally available in two varieties, unbalanced or TS, and balanced or TRS, where T stands for tip, R for ring and S for sleeve.

Phono Plug - A type of connector originally used by RCA to connect their turntables to amplifiers. The name has stuck, and these kinds of connectors, found on consumer and semi-professional equipment are today still referred to as RCA phono connectors.

Piezo - Derived from a Greek word that means to press, for the purposes of audio, Piezo microphones are manufactured by coupling a diaphragm to a small layer of crystal. When vibration causes the diaphragm to vibrate and therefore "push" against the crystal, a shift of electrons occurs within the crystal, thus creating a potential difference. Piezo microphones are sensitive to the source of the vibration, but insensitive to the outside world, and are useful as contact microphones or triggers for electronic drums.

Pitch Bend - A control message within the MIDI specification that changes the pitch of a synthesizer in response to the movement of a lever or pitch bend wheel.

Plug-In - An application that runs within a parent application and adds functionality. In digital audio, plug-ins have become ubiquitous, with several manufactures providing standards for developers to write plug-ins for various platforms. These include TDM, VST, DirectX, Audiosuite and MAS and cover functions as diverse as reverb, dynamics, time based effects, EQ, limiting, dither, guitar amplifier emulation, virtual synthesizers and more. (See MIDI)

Polar Pattern - A polar pattern is a plot of a device's sensitivity as a function of the angle around the device. Used to define the characters of microphones and antennas, the plot of the polar pattern will show how well a device will reject sounds from a certain angle (the back of a microphone) or from which angle it is most sensitive.

Polyphonic - The ability of an instrument to play more than one note simultaneously. Technically, a piano is 88 note polyphonic, although if the human element were to be taken into consideration, then it would take 8.8 people to fully exploit all 88 notes simultaneous. Likewise, a six-string guitar has a maximum polyphony of six notes. However the term is mostly applied to digital synthesizers to specify the maximum number of voices that are available to the entire instrument. Because synthesizers are often multitimbral, not all voices need to be assigned to a single sound. In the early days of synthesis, voice allocation was often fixed or needed to be user specified. These days voicing is generally allocated in a dynamic manner.

Pop Filter - A means of shielding microphone capsules from explosive burst of air from a performer's mouth. Made from an acoustically transparent material, pop filters can either be built into the surrounding mesh of the microphone itself, or more commonly made from material stretched across a separate circular form, and attached to a microphone stand close to the microphone.

Preamplifier - An electronic device used to amplify low-level signals. Commonly used to bring microphone outputs up to levels that subsequent equipment can utilize.

Pulse Code Modulation - PCM is a digital process for transmitting analog data. Using PCM, it is possible to digitize all forms of digital data including music and video. Using binary encoding, the source is sampled at a particular frequency and further quantized. At the receiving end a pulse code demodulator converts the binary numbers back into pulses having the same quantum levels as those in the modulator. These pulses are further processed to restore the original analog waveform.

Q - Refers to a measure of the sharpness of the resonant peak of an electronic circuit. One of the adjustments available in parametric equalizers. With a narrow Q, gain or cut affects fewer frequencies adjoining the center frequency, while a wide Q will affect a greater number of adjoining frequencies. Expressed as a ratio, a higher Q factor indicates a narrower bandwidth, while a lower number indicates a wider response. Thus, assuming a constant center frequency, Q is inversely proportional to bandwidth. (See Parametric Equalizer)

RAID - Redundant Array of Independent Discs. Basically a method of storing the same data in different places on multiple hard discs, thus increasing fault-tolerance. There are at least nine types of RAID arrays that cover various levels of redundancy (protection) and speeds of data access. In most cases a RAID array appears as a single disc to the operating system of a computer.


RCA Connector - A type of connector originally used by RCA to connect their turntables to amplifiers. The name has stuck, and these kinds of connectors, found on consumer and semi-professional equipment are today still referred to as RCA phono connectors. (See S/PIDF)

RTAS - Real Time AudioSuite. Based on Digidesign’s AudioSuite plug-in architecture that uses off-line processing, RTAS acts exactly like a TDM plug-in, but instead of using Digidesign DSP, uses the host computers processing capability. The upside is that RTAS does not require the expensive hardware that TDM does, but the downside is that the number of instantiations will vary with processor power, and there are certain limitations as to where a plug-in can be placed.
(See TDM)

Resonance - Resonance is the tendency for a system or object to vibrate at a specific frequency or frequencies when excited (like a bow and violin string,) with the resonant frequency being determined by the physical parameters of the object or system. For example, when music is played at a loud volume in a space, certain features of the room may resonate to a greater extent than other aspects of the room. For instance, this in turn may cause bass buildup that would need to be removed by acoustic treatment.

Reverb - Reverberation is the result of a sound source being instantiated within an acoustic environment. It usually consists of multiple primary reflections that are the result of the first interaction of the sound waves with the acoustic space, followed by more spaced out and rapidly diminishing echoes. A reverb response can be short and loud, similar to a slap-back echo produced by a highly reflective environment such as a tiled bathroom, or long and slowly fading, such as that produced inside a large cathedral. The human brain is very sensitive to this information, extracting size information very rapidly. That is why budget reverb devices sound budget, and why a good electronic reverb simulation device can cost many thousands of dollars.

ReWire - Developed by Steinberg, ReWire is an inter-application communication engine for allowing one application to interact with another. For example, audio begun within a certain application can have its outputs ReWired into the inputs of another application for further processing, all without having to deal with competing audio formats.

REX File - The product of a file that has been processed within Propellerhead’s software Recycle. Audio files imported into the application are split up into smaller sections based on user-determined points and sensitivity, and the resulting file is saved with a .rex suffix. It is then much easier to pitch and time shift the original material without the usual artifacts. Other manufactures are beginning to implement the ability to import REX files into their own applications, usually into software samplers.

Ribbon Microphone - A type of microphone that uses a metal ribbon suspended close to a magnet. Any vibration in the ribbon is transmitted via the magnet and made into an electrical signal. An early design, ribbon microphones have recently seen a resurgence in popularity. Due to the physical response of the ribbon, the microphone displays a roll-off of high frequencies and therefore it is perceived as imparting a “warmer” character when recording audio into a digital device. Also has long been a favorite for recording brass and high powered operatic sopranos.

S/PDIF - Sony/Philips Digital Interface is, as its name suggests, a transfer protocol for digital audio, similar in concept to AES/EBU but requiring a different electrical specification. RCA coaxial connectors are most commonly used, although TosLink optical connectors can also be found.

SMPTE Time Code - Originally used by the military for rocket launches, SMPTE time code is a standardized way of referencing the 24-hour period. Based around the video frame, the Society of Motion Picture and Television Engineers identify frames and sub frames with a unique identifier that includes hours, minutes, seconds, frames and sub frames. This way if two or more devices can read SMPTE time code, they will all have a common positional reference and keep themselves synchronized (actually both units will commence at the same positional reference, but then need to run at the same speed to stay locked. This is the function of a synchronizer.) SMPTE time code has no relationship to real time at any given moment, other than both use a 24-hour cycle. So program material that starts at hour one does not need to wait until 1 o'clock to function, but rather if a synchronized device is attached to the original device, it will also commence playback from the same hour location, unless an offset has been set in the slave device. There are various sub sets of time code that have to do with frame rates being different in film and television, but they are all still referenced to the 24-hour period.

Sample - The process that is performed by an analog to digital converter where the instantaneous amplitude of a sound source is measured at periodic intervals, the latter being know as the sample rate. The word also refers to an audio file that has been sampled in a sampler for instance.

Sample Rate - The rate at which an analog to digital converter measures the instantaneous amplitude of a source signal. Measured in samples per second, the higher the sample rate, the higher the frequency content of the corresponding digital data. The default rate for CD production is 44.1kHz, or put another way, the source material is sampled at 44,100 times a second. Since the highest frequency that can be captured is one half the sampling rate, a CD will reproduce audio up to about 21kHz, the actual perceived range of human hearing. Arguments rage as to whether signals outside the range of human hearing have any bearing on the sounds humans do hear, and if they do, then filtering out everything above the Nyquist threshold, damages the accurate reproduction of the source.

Sequencer - A device that triggers a series of events in a particular order. Early audio sequencers were quite primitive, used control voltage to trigger voltage controlled oscillators, but had a certain musicality to them. These days software sequencers are MIDI based and offer a high degree of sophistication.
(See MIDI)

Shockmount - A mechanical device that is designed to isolate the transducer of a microphone from shocks, vibrations or handling noise. Both internal and external mounts are used, but the most commonly used shockmount are external and use some kind of elastic material to suspend and isolate the microphone from the stand it is attached to. Certain flight cases are also shockmounted to prevent damage to equipment that can occur due to handling issue while in transit.

Shotgun Microphone - A type of microphone that generally has a long body with a series of holes running along the sides. The polar pattern characteristic is highly directional, with strong rejection of side and rear sources. The holes actually help in the reduction of side and rear pickup by employing a certain amount of phase cancellation at the diaphragm. Useful for picking up sounds at a distance, but also for pinpointing certain sources while ignoring much of the ambient or surrounding noise.

Sibilance - A high frequency component of certain vocal sounds that can cause problems while recording. Usually words that start with an "s" can produce sibilance, and some vocalists are more prone to it than others. A de-esser is a device specifically designed to dynamically correct the problem without affecting the main vocal content too much.

Sidechain - Also know as key input, a sidechain is a part of a circuit that splits off a portion of the main signal to derive a control signal. It can also be a secondary physical input on a processor, such as a compressor that allows control over the compressors functions according to the sidechain input. Examples are ducking and de-essing.

Signal Processor - Device designed to treat an electrical signal by changing its dynamics or frequency content. Examples of processors include compressors, gates and equalizers. In wireless, the term is sometimes referred to as companding.

Signal-to-Noise Ratio - In electrical systems SNR is a measure of the ratio of the maximum signal level relative to the self-noise of the system. Usually expressed in decibels (dB.)

Snake - For audio purposes, snake refers to a type of cabling, where multiple lines are enclosed in a larger single shield. The most common use for a snake is for live sound, where microphone leads and monitor mixes are sent back and forth between the front of house mixer and the stage. Obviously it is easier to lay a single 16 or 24 channel snake than to lay each individual line. Snakes are also used in recording studios.



Soft Knee - Describes the action of a compressor as the signal level crosses the threshold setting. A compressor functions by processing a signal above a certain threshold. Without a soft knee setting, the compressor would immediately begin processing the moment the threshold was reached. In fact this is how a hard knee setting works. But in certain circumstances this may be unmusical, so the soft knee setting allows compression to begin gradually and reach full processing only after the signal has reached a predetermined level above the threshold.
(See Compressor)

Software Synthesizer - A software application that emulates some type of hardware synthesizer. Since computer power has increased radically in the last few years, it is now feasible to have a host computer do the work previously done using hardware. Some virtual synthesizers mimic a particular vintage synthesizer, while others are more generic in nature. Modular synthesis is also supported and as computers become more and more powerful, so more and more of these virtual instruments will appear. All function in either stand-alone mode or as plug-ins.

Sound Designer II - An audio file format originally developed by Digidesign for its Sound Tools application. Although a very popular file format for the Mac, it may be being superceded by .aiff and .wav formats.

Standard MIDI File - A standardized file format for exchanging MIDI data independent of originating software or platform. Comes in two flavors. Type 0, which is a single track that contains all sixteen MIDI channels and pertinent information. It should be noted that although the information is presented in a single track, the individual channel information is kept discreet and can be easily extracted. Type1 retains the multi channel format of the original sequence. It should be further noted that unlike GENERAL MIDI, there is no specification as to what sound plays on what channel. If two users have similar MIDI equipment, then imbedded patch change information will provide the correct sounds. Otherwise users have to provide additional information to allow a fellow user to realize the sequence successfully.(See MIDI)

Supercardioid - A microphone polar pattern that is similar to the hypercardioid pattern. The supercardioid pattern is slightly less directional and the rear sensitivity lobe is smaller. (See Hypercardioid)

Synthesizer - In reference to wireless microphones, a synthesizer is a circuit that generates a stable and precise radio frequency output on any one of a number of preset frequencies. Synthesizers are used as the local oscillators for receivers, and to set the output frequency of transmitters. The term also refers to a type of electronic instrument that originally used oscillators and control voltages to create tones. These days most synthesizers use digital circuits to produce a their sounds.

TDM - Time Division Multiplexing, a method for putting multiple data streams into a single signal. Originally developed for telephone transmission, Digidesign took the concept, applied it to multi track digital audio and today Pro Tools stands as the de facto standard in the professional audio community.

TRS - Tip, Ring, and Sleeve. A type of 1/4" phone plug that looks like the plug found on stereo headphones. Used in a variety of applications, namely as a balance connector, where the tip and ring both carry the signal, as a send/return connector from an insert of a mixer, and for providing unbalanced stereo connectivity, as in headphones.

TS - Tip, Sleeve (TS) refers to a type of 1/4" phone plug that is used for unbalanced connection.

Tap Tempo - A function found in some sequencers and effect devices that have time based effects, where tapping a virtual button or an actual physical one can change the governing tempo. From two or more successive taps, the program or device will extrapolate a tempo based on beats per minute.

Threshold - A parameter that is found on dynamic based processors such as compressors, limiters and gates. The setting determines at what level the processor will begin to function. On a compressor for instance, when the source signal passes the amplitude threshold set by the user, the compressor begins to operate on the signal, and conversely, when the signal falls bellow the threshold, processing stops.

Thru - On MIDI equipped devices, the "Thru" connector simply passes on, unchanged, the information received at the "In" port

Unbalanced - To convey an electrical signal through wire, two conductors are required. In unbalanced circuits, one conductor carries both signal and supplies ground, unlike in balanced connections. Because of this unbalanced circuits are less expensive to produce, but the down side is the cables are susceptible to noise, especially if lengths of over 30 feet are involved.



VU Meter - Meter designed to interpret signal levels in a similar way to how human ears perceive loudness, responding more to the average level of sounds rather than to peak levels.

Vacuum Tube - Known in the UK as valves, tubes are devices that amplify electronic signals. With the arrival of the transistor, tubes fell out of popularity except for some very high-end audiophile equipment manufactures, but with the proliferation of digital audio workstations, tubes have seen a reemergence. Although they require much higher voltages, often around 300 volts as compared to around 10 volts for bipolar and field effect transistor, they respond better to overload conditions and are more electronically rugged. Additionally, many state that the color tube equipment imparts is a perfect companion for the digital recording medium.


Velocity - MIDI data that is transmitted by a digital keyboard based on the speed that a key is struck. Specifically the time from the moment the key leaves it's resting position until it lands at the bottom of the instrument.


Vocoder - An audio processor that extracts the basic component of one audio signal and then superimposes this element onto another signal. To do this, the first audio signal (a vocal for instance) is sent through a series of parallel signal filters that create a signature of the input signal, based on the frequency content and level of the frequency components. This set of filters is then used to process the second signal (a string ensemble.) The result is that the vocal imprint now modulates the string ensemble.

Wave File - An audio file format created by Microsoft. The standard on Windows machines, the format is used for everything from system and game sounds to CD quality audio. The format has also been accepted as a viable interchange medium for other platforms such as the Mac. The file is identified by the file name extension .wav.

Waveform - A representation of how alternating current varies over time. The simplest and most familiar waveform is the sine wave, but any electrical signal of any complexity will also have a waveform. In digital audio, the graphical representation of the waveform has contributed greatly to acceptance of medium, since it has become very easy to edit material while looking at a graphical representation of it.

Wavelength - The distance that a wave propagated in space or along a wire travels while going through a single cycle (360°). At room temperature one wavelength at 100Hz is around 11 feet, while at 10kHz the distance is reduced to about 1.3 inches. Wavelength is an important detail that needs to be understood in the design of acoustic spaces.

White Noise - A sound that contains every frequency within the range of human hearing in equal amounts. To many people white noise sounds as if it has more high frequency content, but this is because each successive octave has twice as many frequencies as the one preceding it. Pink noise is similar except that the white noise is filtered to reduce the volume at each octave. This is done to compensate for the increase in the number of frequencies per octave. Each octave is reduced by 6dB, resulting in a noise sound wave that has equal energy at every octave.

Woofer - The low frequency driver in a multi driver speaker.

XLR - A name originally trademarked by Cannon that refers to a type of connector. Used in audio for sending balanced signals and microphone feeds, an XLR connector consists of three pins housed in a barrel and often having locking components. The male side is for sends, and the female is always a receiving connector. Unfortunately manufactures have not standardized which pin, 2 or 3 is hot. Most equipment wants to see pin 2 hot, but there are exceptions, and it is important to have the correctly wired cable for it to pass signal.



Sources:
http://www.cakewalk.com/tips/desktop-glossary.asp

http://www.kramerelectronics.com/glossary.asp
http://www.electronixwarehouse.com/education/glossary/A.htm
http://www.internetvideomag.com/Articles-2006/040906_pro_audio_glossary.htm

