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The History and Science of 
Digital Recording Technology 

By David Mitchell   

Most consumers of digitally recorded music purchase compact disks or download 

MP3 files and never ask themselves how does my CD player or IPOD work.  How is it 

possible to get thousands of songs on a credit card size device?  And how does a digital 

audio file reproduce the infinite number of sounds that are possible in the tonal spectrum?  

How do ones and zeroes reproduce the sound of Stravinsky’s Rite of Spring, Jimi 

Hendrix’s Purple Haze, or Johnny Cash’s Folsom Prison Blues?  How is it possible that a 

record collection, that used to take up an entire wall of your living room, can now fit in 

your pocket and you can find and play any song you want in seconds?  It turns out that 

there is more than one answer to these questions.  Audio digital recording is an amazing 

feat of human engineering that boggles the mind and its history goes back to the sixteen 

hundreds.    

There are a several very important historical developments that enable us to store 

audio sound in a digital format.  They are:  binary number system, the sampling theorem, 

Boolean algebra, pulse-code-modulation, and of course, the invention of the computer.    

The history of audio digital recording starts in 1679.  Gottfried Wilhelm von 

Leibnitz was a philosopher and mathematician who devised the binary number system on 

March 15, 1679.  The binary number system is a base 2 system that is perfect for 

computer circuitry.  A computer’s hardware is made up of billions for circuits that are 

either on or off.  The number one in binary code indicates that a circuit is on and zero 

indicates that it is off.  Ones and zeroes are grouped together into digital words that 

quantize the amplitude points of an audio wave.   
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The next step in the history of digital audio occurred in 1854 when George Boole 

invented Boolean algebra.  It is a logic system that is used in most computer-based 

machines including vending machines, computer games, and MP3 players.  Boolean 

algebra is the basis for computer decision-making, condition testing, and performing 

logical operations.  It is the method used to combine and manipulate binary signals.  

Boolean Algebra is perfect for computers because it is based on yes or no logic.   

Boolean algebra, sometimes referred to as the algebra of logic, is a two-valued 
system of algebra that represents logical relationships and operations. English 
logician and mathematician George Boole, the first to apply these algebraic 
techniques to the logic process, contended that any logical statement could be 
assigned a binary value, such as "true/false" or "yes/no." In 1854 Boole wrote An 
Investigation of the Laws of Thought, in which he discussed ways of reducing logical 
relationships to simple statements of equality, inequality, inclusion, and exclusion. 
Boole then showed ways to express these statements symbolically using a binary 
(two-valued) code, and stated the algebraic rules that governed these logical 
relationships. This system of mathematical logic came to be known as Boolean 
algebra… 

The binary language used in today's computers reflects Boole's binary logic. To 
begin with, nearly all modern computers operate solely on the binary numbers "1" 
and "0." These two digits may be manipulated not only as numbers but as logical 
values: for example, "1 = TRUE" and "0 = FALSE."… 

These binary digits (or logical variables) are processed in the machine as distinct 
voltage states in tiny electronic circuits known as or logic gates.  A logic gate only 
recognizes two varieties of input, high-voltage (value of 1 or TRUE) and low-voltage 
(value of 0 or FALSE). Each logic gate takes in two or more bits in the form of such 
voltages, combines them according to a built-in rule, and produces a single high-
voltage or low-voltage logical conclusion (output). The basic logic gates are AND, 
OR, and NOT; these gates, used in differing combinations, allow the computer to 
execute all its operations. A basic AND gate takes the value of two input bits and 
tests them to see if they are both equal to 1. If they are, the output from the AND 
gate is a 1. If they are not, the AND gate will output a 0. An OR gate tests two input 
bits to see if or either of the bits is equal to 1. If so, the gate outputs a 1; if not, it 
outputs a 0. A NOT gate simply negates the input bit, so an input of 1 results in an 
output of 0, and vice versa. 

Boolean Algebra from World of Computer Science. ©2005-2006 Thomson Gale, a part of the 
Thomson Corporation 
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The next step in the history of digital audio is the development of the sampling  

theorem.  In 1920, a Japanese mathematician, K. Ogura proved that a function sampled at 

twice its frequency could be completely reconstructed; But Harry Nyquist first applied 

this idea to telegraph communications.  He proved that the maximum amount of voltage 

that could be sent through a telegraph wire was equal to half the bandwidth of the wire.  

In analog to digital audio conversion the incoming signal must be sent through a lowpass 

filter to eliminate frequencies higher that 20-kHz.  The remaining frequencies are 

sampled at twice that frequency (40-kHz).   This means that there will be at least two 

points of comparison for every cycle at 20-kHz.   

The next step in the process was the invention of pulse-code-modulation in 1937 

by Alec Reeves (See figure 1 from The Principle of Digital Audio by Ken Pohlman).  He 

was working as an engineer at International Telephone and Telegraph Company 

laboratories in France.  He thought of the idea in connection with analog telephone 

communications to limit noise.  Reeves developed the idea of filtering the sound and time 

sampling it.  The amplitude of the samples is converted into binary code and a stream of 

positive and negative pulse represents the ones and zeroes of the binary word.  But the 

technology of the time was not capable of realizing his idea.  But during World War II 

Bell Laboratories invented SIGSALY, a radio system using that used pulse-code-

modulation.  Churchill and Roosevelt communicated on this device in complete secrecy 

during the war.   
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I remember in 1987 or 1988 a friend of mine purchased a digital recorder to 

record himself and set up a mini digital recording studio at the Cleveland Institute of 

music.  He brought it home one Christmas and he recorded me playing some classical 

guitar pieces that I was working on at the time.  The digital recorder used VHS tape as 

the master tape.  I still have the tape somewhere.  I brought the master recording home 

and, out of curiosity, I put it into my VHS player.  What appeared on the screen was a 

bunch of black bars of varying widths with spaces in between them.  Now I know what 
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those bars represented.  It was the pulse-code-modulation graphically encoded on the 

VHS tape.  The black bars represent positive ones and the spaces between are negative 

zeroes.   

The history of the computer goes back nearly two thousand years.  The term 

computer refers to people who perform numerical calculations.  One of the first 

programmable devices was Joseph Marie Jacquard’s programmable loom (1801).  It used 

a punch card system.  But the first computer that fits the current definition of a computer 

was:  “The development of the Konrad Zuses’s electromechanical, "Z machines". The Z3 

(1941) was the first working machine featuring binary arithmetic, including floating point 

arithmetic and a measure of programmability. In 1998 the Z3 was proved to be Turing 

Key complete, therefore being the world's first operational computer.”  Quote from 

wikipedia.  Turing is a computer language. 

With all the technical pieces in place, enter our old friend Max Matthews.  In 

1957, while working at Bell Laboritories, He put all the pieces together and was the first 

person to use a computer to produce sound.  He made a converter to put sounds into a 

computer and get sounds out of a computer.  His work combined all of the technical 

advances that came before him going back in history to the binary number system 

invented by Gottfried Wilhelm von Leibnitz in1679 .  Without the binary number system, 

Boolean algebra, the sampling theorem, pulse-code-modulation, and the invention of the 

computer digital audio would not exist.  He was standing on the shoulders of all the 

inventors who came before him.   

In 1967, NHK Technical Research Institute in Japan (Is this the same NHK that is 

in the Chadabe?) developed the first stand alone pulse-code-modulation recorder.  It was 
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a 12-bit, 30 kHz sampling rate digital recorder.  The first commercial audio digital 

recordings took place in the 1970’s.  The BBC, Japanese Company Denon, and Decca all 

developed digital recording devices in the 1970’s.  The first 16 bit digital recording, in 

the United States, was done by Thomas Stockham in 1976 at the Santa Fe Opera House.  

In 1978, Ry Cooder’s Bop Till You Drop was the first popular music album recorded 

digitally.  In 1979, Steve Wonder used digital recording on his album Journey Through 

The Secret Life of Plants.   

In 1979, Phillips and Sony setup a joint task force to develop a storage medium 

for digitally recorded sound and they came up with the Compact Disk.  The CD was 

invented by a group of people working in conjunction at two corporations.  The first CD 

players were available in Asia in 1982.  The first CD players were available in America 

in 1983.  I remember hearing about Compact Disks in 1983. And I went to the mall to 

listen to a Sony CD player.  I was amazed that there were no pops or hiss.  But at the time 

CD players were over a thousand dollars.  That was a lot of money in 1983.  Also there 

weren’t many CD titles available.  And early CD players skipped quit often because the 

were generally single beam players.   

The CD itself is made up of a series of pits and lands in a groove format.  The pits 

and lands don’t represent ones and zeroes themselves.  Instead, a laser beam is reflected 

of the pits and lands.  Its’ intensity is read by a photodiode. Any change in intensity of the 

light moving from pit to land or vice versa is read as a one, and no change is read as a 

zero.  The ones and zeros are reconstructed by the CD player.   

With all the technical hurdles over come and a storage medium commercially 

available, the question is how does a computer convert an analog signal to a digital word?  
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And the answer is that there is more than one way to convert an analog signal into digital 

information.  This is especially true for the analog-to-digital converter itself.  But all 

analog signal must go through some preprocessing before they are converted into digital 

word.   

First, the signal passes through input amplifiers, a dither generator, input lowpass 

filters, sample and hold circuits, analog-to-digital converters, a multiplexer, digital 

processing and modulation circuits, and a storage medium such as digital tape or disk 

(See figure 2 from The Principles of Digital Audio by Ken Pohlman).   

 

The input amplifier boosts the signal from the microphone.  This brings it up to 

line level.  I learned about this process the hard way.  In 1995, I bought a windows 486 

computer with 1 gig or memory and a Turtle Beach soundcard with the intention of 

recording my own CD at home.  I plugged my microphones directly into the soundcard, 

but there was no signal.  I didn’t realize that I needed a powered mixer to boost the signal 

to line level, live and learn.  One gig was a lot of memory in 1995, but certainly not 

enough to record a CD.   
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Dither is the next step in the analog to digital conversion process.  Dither is noise 

added to the signal to help eliminate clip.  Clip occurs most often at low volume levels.  

At low volume levels there are fewer amplitude points to quantize the voltage level.  

Fewer points means a less smooth audio signal.  For example a sine wave passing 

between only two amplitude points will sound like a square wave.  This is because the 

voltage of the sine wave that falls between the two amplitude points must be assigned to 

either one or the other amplitude point.  All of upper part of the sine will be summarily 

assigned to the upper amplitude and all of the lower part of the sine wave will be 

assigned to the lower amplitude with no in between.  Once the sine wave passes the mid-

point, there is a sudden shift from positive to negative wave.  This means that the once 

smooth curve of the sine wave now takes on a reqularly occuring hard edge that the ear 

hears as a square wave.  Dither adds noise to this signal that randomizes the sudden shift 

from the positive to negative wave.  The regularly occuring sudden shift no longer occurs 

and the ear averages the shifts and hears a sine wave.   

The next step in the process is the lowpass filter.  The lowpass filter only allows 

sound below 20 kHz to pass through the system.  This helps the signal comply with 

Nyquist’s sampling theorem because the analog-to-digital convert is sampling at 44.1 

kHz.  This is more than twice the frequency that is allowed into the converter.  This 

means that for every sound wave allowed into the converter there will be atleast two 

amplitude points to plot it.  An average can be obtained and smooth reproduction can be 

made of the sound wave.   

In Pro Tools, we can lower the sampling rate to create aliasing.  Aliasing occurs 

when there are fewer than twice the number of samples than the frequency that is allowed 
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to pass through the low pass filter.  Important voltage points have passed before the 

sampling frequency has a chance to plot them, so an average is taken without these 

important numbers.  This means that the wrong frequency will be reproduced. High 

frequencies will begin to sound like low frequencies.  This can be a nice effect in 

electronic music, but undesirable for true reproduction of naturally occuring sounds.  

The sample-and-hold circuit is the next step in the chain.  It must quickly grab the 

voltage that is coming into the system and hold it while the analog-to-digital converter 

quantizes its amplitude.  The sample-and-hold circuit if fired by a clock that is set to a 

frequency of 44.1 kHz samples or ticks per second.  The clock is what helps the system 

conform to Nyquist’s sampling theorem.  And the sample-and-hold circuit must grab the 

voltage within that time constraint and hold the voltage without any droop.  Droop occurs 

when voltage leaks from the circuit.  Also it must grab a small enough sample of the 

constantly changing analog amplitude that there is no confusion about what the voltage is 

at that particular moment.  So it operates very quickly.  This is similar to the random 

sample-and-hold unit on the Arp 2500. 

The analog-to-digital converter is where the fun begins.  This part of the process 

is really what converts audio to digital words.  It quantizes the voltage that is held by the 

sample-and-hold circuit.  There is more than one way to quantize the voltage.  But a good 

example of an analog to digital converter is the Successive Approximation A/D 

Converter (SAR), (See figure 3 from The Principles of Digital Augio by Ken Pohlman.  

SAR plays the old game, “guess what number I’m thinking of”.  With a maximum 

voltage of 10 and a minimum voltage of 0.  SAR produces a middle voltage of 5 volts 

that is sent to a comparator where the voltage from the analogue signal is stored from the 
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sample-and-hold circuit.  The digital word for five volts is 10000000.  The comparator 

compares the unknown analogue signal to the known 5 volts and asks, “are you greater 

that 5 volts?”.  Boole’s algebra comes into play at this point and create a yes or no 

statement by mathematically comparing the two voltages.   If the analog signal is greater 

than 5 volts, the comparator leaves the first bit as a 1 meaning yes, it is higher than five 

volts.  Then SAR sends a second voltage that asks the analog signal are you greater than 

7.5 volts?  It the anwer is yes, the next bit is set at 1.  Now our digital word reads 

11000000.  If the answer is no, then this bit is set at 0.  And instead, our digital word 

would read 10000000.   It sends out a voltage for each digit of the eight digit word and 

compares it to the analog voltage in the comparator.  Each digit is successively closer to 

the voltage of the analog signal.  It gradually closes in on the correct voltage.  In this 

way, we produce a digital word that represents an analog voltage. 
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But the processing speed required to produce a sixteen digit word in 44,100th of a 

second is emense.  Most analog-to-digital converters use a dual slope conversion process.  

This means that the first 8 digit word produced by the SAR is sent along to a second 

comparator.  This allows the first comparator to begin working on the next 8 bit digital 

word while the second comparator gets even closer to the correct voltage of our analog 

signal.  The second comparator plays the same “what number am I thinking of” game and 

it attaches a second 8 digit digital word to original 8 digit word.  This gives us a 16 digit 

digital word representing our analog signal.  A 16 digit word has 65,536 quantization 

points within a 10 volt range.  If a piece of paper represents one quantization point, 

65,536 pieces of paper would be 22 feet high.  If we increase the resolution to 20 bit, the 

stack of paper would be 349 feet and the number of quantization points would be 

1,048,576.  If the resolution is increased to 24 bit, the stack of paper would be 5592 feet 

high and the number of quantization points would be 16,777,216.  Anyway you stack it, 

the loss of one piece of paper would hardly be missed.  Higher resolution produces a 

much higher fidelity and sould quality.   

I have a student who is really into the Beatles and he purchased the new audio 

DVD version of LOVE.  He said it is in 24 bit, 96 kHz, 5.1 surround sound and you have 

to have a special DVD player to get the full effect.  That would be interesting to 

experience.  

The next step in the chain is multiplexing.  This is where the left and right 

channels of the stereo field are mixed together.  Everything that we have discussed up to 

this point has been happening simultaneous in the left and right channels.  But in order to 

store the mix efficiently, the channels must be mixed together.  This forms a single bit 
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stream that can be read by a CD player and reconverted to a stereo signal.  Also frames 

are added to give the bit stream discrete sections that can be ordered in time.  The frames 

contain information partaining to track information, copyright coding and order in time.  

During the playback process when a CD beginnings playing, you don’t hear sound 

immediately.  This is because the CD player is creating a buffer of these frames and 

ordering them in time according to the frame information attached to each bit group in 

the multiplexer.  A good analogy is that the processer is dumping in scoop fulls of frames 

into the buffer or bucket to create a reservoir and there is a specket on the bottom where 

the frames pour out smoothly and in the correct order.  If a frame is lost the CD player 

defaults to the last frame it played and repeats it until it finds the correct next frame.  

We’ve all experienced this when a CD skips.   

Interleaving is the next step in the process.  Interleaving is a process that everyone 

in the electonic music laboratory knows about if you’ve ever bounced a sound file.  It 

makes several copies of the sound file and weaves them together so that if an error occurs 

there is more that one copy of the pulse code.  When the files is played, the converter has 

several copies to compare and make corrections.  Weaving the information means that all 

of your eggs aren’t in one basket.  The pulse code is dispersed throughout the data 

stream.   

The final question is how do ones and zeroes reproduce the infinite number of 

timbres of the world around us?  Pitch frequencies are represented in the code by the 

number of wave pules per second.  Nyquist’s sampling theorem helps the recorder 

accurately reproduce pitch. Volume is the height of the sound waves.  Rhythm is obvious.  

But timbre is not so obvious.  It turns out that timbre is represented by the shape

 

of the 
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sound wave.  This was actually the original question that got me interested in this subject 

in the first place.  This is why the quantization resolution is so important.  Even subtle 

changes in the shape of the wave will effect the timbre.  Every harmonic overtone 

changes the timbre of the instrument on play back.  That is why 8 bit sounds more harsh 

than 16 bit or 20 bit resolution.  The missing amplitudes cause the wave to be more 

square in places and its’ timbre comes closer to a square wave form instead of a smooth 

representation of the original analog wave form.  Over time higher resolution and greater 

frequency response will lead to truer representations of analog wave forms. 

An interesting side note:  The National Archive does not use digital technology to 

archive important historic and culturally significant events for posterity.  I heared a story 

on NPR about this subject.  They archive things on 78 rpm records.  The reason is that 

digital technology can be easily corrupted.  Once it is corrupted it is lost forever.  With 78 

rpm records a scratch just means a little more noise.  Also eventually digital recording 

technology will be obsolete and the ability to play CDs could be lost or forgotten and 

future generations would not be able to play an MP3 or CD.  The advantage of a 78 rpm 

record is that it can be played by simply sharpening a stick and placing it on a groove and 

spinning the record, no technology required.  You know this it you’ve ever dropped a 

needle on a 33 1/3 rpm record without turning on the amplifier, you can hear sound from 

the needle itself.  So The National Archive doesn’t trust digital technology.   

Digital recording technology is an amazing feat of human engineering.  Its’ 

origins go back in history hundreds of years.  The ingenuity that went into the technology 

of MP3 and CD players is staggering.  Many people including: Leibnitz, Boole, Reeves, 

Nyquist, and Matthews all contributed to its’ success.  The reduction of analog 
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waveforms to digital numbers saves storage space and gives us tremendous flexible in 

how we treat the number.  This accounts for the tremendous flexible of the plug-ins in 

Pro Tools. The number of calculations and components that must work together in a 

fraction of a second is nothing short of a miracle.  If mankind can produce technology 

like this, there is no problem we can’t solve through cooperation and ingenuity.      

Introduction   

History of developments that make Digital Audio possible. P. 35  

How does a sound wave create pitch rhythm and tone and volume.  

What devices are needed to convert analog sound into digital numbers.  
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2006 Thomson Gale, a part of the Thomson Corporation. All rights reserved. 
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