T.V./Radio Math Alignment

Textbook:  Audio in Media, 6th Edition

Ch. 1

· Discussion of the anatomy of the ear—tympanic membrane is connected to the “oval window”; “the inner ear contains the semicircular canals”

· Cross sections of ears shown on pg. 5

· Discussion of decibels and kHz—what those units mean and what they are used to measure

· Brief discussion of how sound waves are interpreted/dissected by the ear

· Diagram that shows progression of how the sound moves through the ear and is finally interpreted by the brain (shows what part of the auditory system, what it does, the circuit analogy, sound waves moving through in a mathematical sense)

· Hearing loss affects one out of every nine people in the United States; other statistical information given on hearing loss in the U.S.

· Chart showing dB-SPL (decibel-sound pressure level) of various sound sources; shows ratio to dB and “Apparent Loudness”

· Range of loudnesses that humans can tolerate 1 to 10,000,000 or greater

· Tables, graphs, and charts on pgs. 8-9 discussing daily sound exposure

· Figure 1-8 shows attenuation effects of selected hearing protection devices

Ch. 2

· More in depth discussion of a sound wave, frequency, velocity, amplitude, compression (maximum), and rarefraction (minimum)

· Velocity = frequency times wavelength formula is introduced

· Cycles per second (cps) determines the frequency (measured in Hz)

· Frequencies below the low end of the limits of hearing for most humans are called infrasonic and those just above the high end are called ultrasonic

· Discussion of pitch and octaves (interval between any two frequencies that have a tonal ratio of 2 to 1); octaves grouped into bass, midrange, and treble (groups/subgroups concept)

· Crest and trough of a wave (max and min) as well as amplitude defined

· Relationship between decibels and logarithms discussed

· Dynamic range and logarithmic scale discussed in relationship to sound pressure level (dB-SPL)

· Table 2-1—power and voltage measurements in dB; uses decimals and rates to describe these different units of measurement

· Figure 2-3 is a line graph showing responses to various frequencies by the human ear

· Pgs. 20-24 contain many other graphs, tables, and figures discussing sound waves and sound-level ranges

· For every change of 1 degree Fahrenheit, the speed of sound changes 1.1 ft./second

· Figures show pure tones (sine waves) to demonstrate various concepts; degrees associated with a full acoustical phase; phase shifts; effects on amplitude of waves out of phase—all shown

Ch. 3

· Direct sound figure shown on pg. 27 is an example of exponential decay

· 3-3 shows Room liveness in relation to reverberation time and room size (volume in cubic feet versus reverberation time in seconds)

· 3-4 shows typical reverberation times for various performance spaces

· 3-5 shows optimum reverberation times for various types of music and speech produced indoors

· 3-6 shows some noise criteria curves

· The rest of the chapter continues to give chart, tables, graphs, and figures that discuss how sound if affected by various factors (for example, room dimensions and room shape)

· “To avoid additive resonances, room dimensions should not be the same, nor be integer multiples of one another”

· Explanation of concept “angle of incidence equals the angle of reflection”

· 3-11 shows cylindrical, serrated, and combination of square and diamond room shapes

· Understanding of what the absorption coefficient means (1.0 absorbs everything; 0.0 absorbs nothing)

Ch. 4

· 4-5 and 4-6 show pickup patterns of mics (omnidirectional, bidirectional, and unidirectional/cardioid, supercardioid, and hypercardioid)

· Reading polar response diagrams as shown on pg. 54 requires at least a basic understanding of polar coordinates

· 4-22 shows pickup arrays of the SoundField microphone system (front, back, side, side, up, and down; x,y,z, and w axis used)

· Must consider a mic’s frequency response (range of frequencies that it reproduces at an equal level, within a margin of +/- 3 dB), Overload limit (how well it handles sound levels that are too high), Maximum SPL (level at which a microphone’s output signal begins to distort or produce a 3% total harmonic distortion), sensitivity, self-noise, signal-to-noise ratio, proximity effect, and humbucking

· Terms such as “parabolic microphone system” and “coplanar diamond configuration” require understanding of those terms/shapes and why they would be beneficial to an audio technician

Ch. 5

· Input/output functions of mixers and consoles is an analogy for the basic concepts of functions 

· Understanding of the parts as they relate to the whole is crucial when it comes to mixers and consoles (how each part functions and how it affects the sound(s) you are using it on)

· Many technical terms and diagrams in this chapter (WorkKeys Reading for Information and Locating Information skills)

· Explanation of polarity reversal control (inverts the polarity of an input signal 180 degrees)

· 5-6 shows a volume unit (vu) meter and pg. 90 describes the purpose of using this tool as well as how to use it

· Percentage of modulation is the percentage of an applied signal in relation to the maximum signal a sound system can handle

· 5-7 shows how to use a peak program meter (compares the linear scale on the device to the decibel scale)

· 5-8 shows a loudness meter (establishes a relationship between the root mean square (RMS) and peak content of a signal)

· Technical diagrams on pgs. 94-97

· Snapshot versus continuous (or dynamic) automation

Ch. 6

· Open-reel audiotape comes in two thicknesses, measured in mils (thousandths of an inch)-1 and 1 ½ mils

· Open reel sizes come in 5-,7-,10 ½-, and 14-inch reels

· Coercivity indicates the magnetic force (current necessary to fully erase a tape); measured in Oersteds—units of magnetic intensity

· Retentivity is a measure of the tape’s magnetic field strength remaining after an external magnetic force has been removed; measured in gauss—a unit of magnetic density

· Sensitivity indicates the highest output level a tape can deliver; measured in decibels

· 6-4 shows recommended environment for magnetic tape storage and does both a Celsius/Fahrenheit comparison and a % relative humidity diagram

· 6-6 shows +/- 12% pitch control knob on an example of an open-reel analog audiotape recorder and its functions

· Measuring Wow and Flutter, tension control, checking the safety control, comparing tape speeds, etc.—all part of open-reel audiotape recorders

· Discussion of aligning the magnetic heads of analog tape recorders involves terminology such as vertical angles, skew, tangency, and perpendicular

Ch. 7

· Understanding the connections between frequency and amplitude in analog to sampling and quantization in digital

· Sampling frequency of 48 kHz means samples are taken 48,000 times/second or each sample period is 1/48,000 second

· Sampling and the component of time are directly related

· Quantization uses the binary number system; use of exponents and bases (see pg. 127) for explanation

· Comparison of qualitative differences among various brands of DAT requires doing some numerical calculations

Ch. 8

· Longitudinal time code (LTC) and vertical interval time code (VITC) are an application of the concept of axes (x and y)

· Much planning is required in order to properly organize time the task of recording time codes on audio and video tapes

· Frame rates measured in frames per second (fps)3

· Synchronizing:  30-fps time code running at 29.97 fps comes up 108 frames short every hour; to correct this problem, drop frame skips the first two frame counts in each minute, except for each tenth minute (00,10,20,etc.), to force the time code to match the clock time

Ch.9 

· Understanding how the number of frequencies in equalizers affects the way the device processes signals (full, half, and third octave intervals); based on the lowest frequency (if it is full and lowest frequency is 50, then it would be 50,100,200,400, etc.; if it is half then the numbers would only go up 25 each time; if it is third, then numbers would be around 50,60,80,100,120)

· Fixed versus parametric equalizers and what a graph of their dB outputs look like are shown on pgs. 158-161

· Understanding the types of devices that control signals and being able to convert the words to a pictorial representation

· 9-12 example of time delay values and effects is a pictorial representation of a logarithmic relationship

· Understanding how the compression ratio affects input and output levels

Ch. 10

· “Linearity” means that frequencies being fed to a loudspeaker at a particular loudness are reproduced at the same loudness

· Harmonic and IM distortion usually happen when the input and output of a sound system are nonlinear—that is, when they do not change in direct proportion to each other

· Understanding of the “coverage angle” and how to improve control room acoustics

· Placing of loudspeakers affects how sound is radiated (in fractions of a sphere) as described on pg. 187

· Stereo sound is two-dimensional:  It has depth—front-to-back—and width—side-to side

· The monitoring system should be set up symmetrically within the room

· How to set up:  The distance between the speakers should be the same as the distance from each speaker to your ears, forming an equilateral triangle with your head.  Also, the center of the equilateral triangle should be equidistant from the room’s sidewalls

· Pg. 189 shows how to use isosceles and equilateral triangles for optimal sound when setting up a room 

· Pg. 191 figure 10-11 shows ITU guideline for arranging loudspeakers in a surround-sound setup; understanding of angles, bisecting an angle, etc.

Ch. 12

· Phase is the time relationship between two or more sound waves at a given point in their cycles; polarity is the relative position of two signal leads—the high (+) and the low (-)—in the same circuit

· 3 to 1 rule—place no two microphones closer together than three times the distance between one of them and its sound source

· Speaking at a 45 degree angle with a directional mic and why this can be beneficial

· Sound and production engineers must understand all the parts that make up the whole in a radio program or television broadcast; they need to be able to look at both finer details and the big picture of what is being created 

Ch. 13

· Inverse square law discussed on pg. 246

· Pg. 262-273 show miking for various sporting events and give a detailed description of why each set-up is chose; the details are very intricate and involved and MANY factors must be considered; this requires a logical and planned approach to the process of proper setup

· Technical diagrams (like Locating Information WorkKeys) require students to have knowledge of various concepts in order to properly interpret what is being presented pictorially

Ch. 14

· Pg. 279 “Creating Perspective” is filled with statements about distance—if/then statements based on distance of performers from the microphones and what perspective it creates for the audience

· Stereo to mono compatibility issues discussed on pg. 281 (one channel is summed (A + B) and the other channel is subtracted (A – B))

· “Coincident Miking” requires students to understand the concept of coincident lines

· “Assuming that there are no acute acoustic problems, the inclusive angle between the microphones should be between 60 and 90 degrees” (on near-coincident miking, pg. 282)

· To produce the illusion of someone walking from left to right , a performer must walk in a semi-circle versus a straight line (to create perspective in stereo miking)

· Blocking requires a floor plan drawn to scale; showing where scenery, mics, cameras, and performers are positioned

Ch. 15

· Describes the basics of many instruments, discusses their properties and frequency ranges and how best to mic them during a performance

· Figure 15-39 shows stereo localization; various miking options and how they affect perceived image locations for the listener

Ch. 16

· Table 16-1 displays how changes in audio quality are related to internet connection speed

· Audio can be recorded at various sampling rates and resolutions (see pg. 349, table 16-2)

· Understanding the different compression methods requires a minimal understanding of the binary system (bits, etc.)

Ch. 17

· Foley Sound Effect—examples of a car crash and footsteps; many different measurements and factors to consider; w/car crash—examples would include make, model, and year of car, type of tires and road surface, car’s speed, location of the road, etc.; w/footsteps—examples would include height, weight, gender, and age of the person, footwear on the person, gait of the walk, type of walking surface, etc.

· Sound experts must be knowledgeable of these factors when trying to create and/or edit a sound for use in a production

· Examples of both a laser-drop licensing rate schedule and a blanket licensing rate schedule on pg. 378-379

Ch. 18

· Understanding the terms “nonlinear” and “nonlinear” as they refer to editing

· Pgs. 387-391 discuss how to read an edit screen and how to use it to change your sound

Ch. 19

· Ratios given in regards to compression on pg. 420

· Discussion of how various frequency ranges can make things sound (equalization and semantics) on pgs. 424-425

Math Used Throughout

· Different examples of direct and inverse variation

· Various examples of graphs, charts, tables, and figures displaying aspects of audio, often as it relates to sound and sound waves

· Discussion about appropriate ranges given a specific situation

· Using various units of measurement and converting between different units when necessary

· Categorizing; understanding the relationship of part to whole; sets and subsets

· Everyday use of if/then statements in the arena of “If your audio needs are…then…”

· Many concepts require the student to understand angles and properties of reflections as they relate to sound quality

· Multiple examples of both direct and indirect variation given (ex:  the narrower the angle of space between the mics, the less the difference in arrival time between the signals reaching the mics)

· Many examples of how factors such as distance from microphone, type of mic chosen, types of sounds used in a production, room setup, etc. affect the quality of the production; student must be able to consider various options with a body of knowledge about the pros and cons of each and make informed decisions; look at data to support each choice as well

· Multiple examples of parallel, perpendicular, common angles (30,45,60,90,180,etc.), axes, etc.

· Principles of logic used when trying to troubleshoot a production/sound problem or in setting it up to end up with the desired final product

