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1. Introduction
Sound is a major part of our lives, and because of the digital age we are submerged in it daily. Computers and electronics have changed everything in how sound is recorded and played.  Much of this is a very positive and interesting as well. The new delivery process and storage methods are complex, and are built on top of over one hundred years of audio technology. 
From Edison’s first recording to today’s MP3 downloads, audio technology is evolving and growing. Throughout this paper I will discuss the history of audio, sound waves, digital technology, audio compression and sound quality. These broad topics will highlight what is necessary to truly understand digital audio and how it works for us. 

The contents of this paper will not cover the elaborate electronics of the sound card or try to explain how a computer works. Instead, focus lies on the popular things that are encountered daily but not understood or even seen. Sound is not magic, and its comprehension is important in order to judge quality and see how the technology will grow. 
Join me in the whirlwind of sound waves and technology that is digital audio.
2. Background

The background of my research is broken up into four parts. The historical perspective will enquire how the first sound waves were recorded and how the technology evolved. Relevant research on hearing explains how sound waves are perceived and interpreted by our brain.  Scholarly research will reveal how pulse code modulation (PCM) works to translate audio from analog to digital. Industrial research will talk about how the technology integrates PCM into electronics such as CD players.
2.1 Historical Perspective.
After the invention of the telephone and before the light bulb, Thomas Edison showed the world that sound could be recorded and played back. In 1877 Edison used some of the same concepts from the telephone to record sound. The words he chose to record were from the song Mary Had a Little Lamb. Those words were recorded using a small diaphragm, a needle, and a cylinder wrapped in tinfoil. This recording device was called the phonograph and over the years it changed into the antiques that can be seen today.


Analog recordings major flaw is that the quality of the original degrades quickly. This was especially apparent in the first phonograph because the tinfoil broke after only four uses.  The playback process traced the sound waves to create the output waves but wore on the medium. With time, analog recording became more advanced, but the problem of recording degradation remained.


Over the years Edison improved upon his phonograph and eventually imitated a competitor’s product called the gramophone. The gramophone used a flat disk instead of a cylinder and made manufacturing much simpler. In general this is the way that analog audio evolved. Competition created the need for better media and storage space and this is what eventually leads us to digital audio.

Analog recording implemented great technologies like stereo sound, and ways to fit more on smaller discs. The magnetic tape was the popular consumer choice for many years, but during its reign the digital products were in development to take the place of its poor quality and limited uses.
 


2.2 Relevant Research.

The human ear can only hear analog sounds. That is, the sound wave (Fig 1.). In particular, the ear drum senses fluctuations in sound pressure. The sound wave has physical properties so by definition it is analog.
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Figure 1: Sound wave at constant dB and Hz

The sound wave has an intensity property called the decibel (dB).  This defines the sound waves amplitude and how loud we perceive it to be.  The sound of a mosquito flying 9ft away is approximately 0 dB. On the other side of the spectrum, a sound just louder then heard when vacuuming (85 dB) can be harmful to our hearing.  Our ears can hear very accurately but the level of our intensity perception is about 3 dB. Meaning, a solid audible tone decreasing at 2 dB a second would eventually be unheard, but the decrease in volume would be unnoticed.
   

The other important part of the sound wave is the frequency which has units of cycles per second (Hz). This describes the pitch or tone of the sound wave.  A high frequency would have tight waves packed into a smaller time frame, creating more cycles per second. A “concert A” pitch has a frequency of 440 Hz and is often used to tune an orchestra before their performance. In the “concert A” pitch there are 440 waves in a single second.

Hearing and the brain are far from separated. The brain processes incoming information in a way that we don’t even notice. Psychoacoustics is the subject of what is audibly perceived and hearing’s interesting anomalies.


The Absolute Threshold of Hearing is what is considered to be a range of frequency from about 20Hz to 20 kHz. This allows for why some low sounds we can only hear, and why we can’t hear the high pitch of a dog whistle. Knowing our limits is half the battle of understanding psychoacoustics; however this can be very complex.

Something called Temporal Masking makes it difficult for us to perceive certain sounds that directly follow others. A good example of this would be car crash followed by the sound of someone clapping. The sound of the clap would be completely inaudible because of the masking.
 


Another interesting anomaly is the Illusory Continuity of Tones (Fig. 2). An increasing frequency at a constant decibel level can have a gap of up to 50ms of silence, and can be completely unnoticeable. This is because our brain adjusts to the scale and fills in the gap unbeknownst to us.
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Figure 2: Illusory of continuity of Tones


Certainly our ears are amazing creations and understanding them helps to understand the technology designed around them. In fact, without them there would never be any need for audio technology. 

2.2.1 Scholarly Research


The computer age lead us to all sorts of new developments in technology. Like most things in our world, there is a conversion required in order to put it into computer format. Most of this conversion process is completely hidden from us when we use digital audio today. Two separate but similar conversions are used to make this happen. 
The Analog to Digital Converter (ADC) uses a very powerful tool called Pulse Code Modulation (PCM). PCM analyzes the sound wave input and records it’s in real time. The process called sampling, measures the height (or amplitude) of the wave 44,100 times a second.   The height is recorded in binary and stored to the hard drive in a raw format like the Microsoft Wave File (Fig. 3).  This copy of the input sound wave is just an estimate of the actual wave, where analog recording is virtually a perfect copy.  Most of us cannot distinguish the difference in quality between 44.1 kHz estimates and something better, but out technology is moving towards double that rate.
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Figure 3: PCM data



In the same way that the ADC estimates a sound wave, the Digital to Analog Converter (DAC) reverses the process, filling in the sound wave with smooth lines between the height measurements. The DAC is just as necessary as the ADC because without it we could only record and never play back the sound.
 
PCM is an important concept in digital audio and there a couple different variations of it that are used. Differential pulse-code modulation (DPCM) encodes the wave amplitudes as differences between the value before and after it. This can reduce the size required to hold the data by about 25%.  Adaptive DPCM (ADPCM) finds patterns in waves and predicts the height of the next sample, which allows for even more reduction in required storage space. ADPCM is often used in recognizing speech patterns and can learn to understand its input.


2.2.2 Industrial Research.
Starting in Edison’s time, audio technology has revolved around the recording industry. Consumerism and love of music, movies, and entertainment today drive digital technology. In the late 1980’s we started to use the digital format for recording using PCM. At this time there were not many home computers but there were still plenty of people listening to vinyl and cassette tapes.  In fact many people rejected the compact disc when it came out because it was too harsh compared to the “soft” sound of vinyl. What they were referring to was the low sampling rate on the CD.  Eventually the format improved and most artists publish their music only to CD.  The CD allowed artists to record to a digital format that never degrades in quality.

The CD is an interesting technology because it combines PCM with a laser reader (Fig. 4). The players have better features than most cassette players like ability to skip to certain tracks, and boasted of superior quality. The CD is comprised of polycarbonate plastic, and has an aluminum layer with microscopic pits pressed into it. When the laser shines through the plastic onto the aluminum layer, it can detect whether a pit exists or not. This reads in has binary. A laser hitting a pit refracts, and the optical pickup reads a 0 for a pit and 1 if it reflects on a smooth surface.  The beginning of the CD is at the center. The pickup moves from the center to the outside reading as the CD spins. The data is a spiral that never ends until it reaches the outside of the disc.  The laser pickup assumes a certain number of 0’s and 1’s every second so that the CD spin must speed up and slow down to keep this rate constant. At the beginning of the CD it spins the fastest and slows at a fixed rate as the pickup moves to the outside.  Knowing this, you can save battery power on your portable CD player by playing tracks only at the end of the CD.
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Figure 4: CD player output

Like the CD, the DVD player uses the same concepts but multiple layers. With movies there can be many sound tracks that include multiple languages and surround sound. This digital format allows for approximately 7 times the storage of the CD. Laser technology continues to improve and DVD’s will be replaced by high definition video and lesser compressed audio with more tracks.  Having 3 dimensional sounds is important to us because that is how we understand and relate to our world. Someday our music will feel like a concert, and not like listening to CD at all. 

Medium is the ultimate digital technology improvement and selling it is the way that most businesses make money off of audio. However the heart of digital audio is can most easily be seen and analyzed by understanding how the computer gives us digital audio.
3.  The Sound Card

The computer calculates and operates on digital information. However, because of the sound card, it doesn’t have to do very much for standard operations like recording and playing audio. Part of the computer is the sound card and it is the most obvious piece of digital audio technology. Beyond the sound cards basic functions, the sound card has many different features that keep allow us to do previously impossible tasks. In this section we will discover what the sound card is, how it works, and how 3D sound processing is done.
3.1 What is a sound card?
The sound card is hardware that can be found as an electronics board in CD players, but for computers they are much more advanced. Often the sound card is an add-on card that fits into the computers PCI slot on the motherboard. In many instances the motherboard has this functionality built right into it. 


The sound card itself is responsible for things like recording and playing back sound. It contains all of the processing power and features necessary to do so.  The sound card contains several jacks for input and output that appear on the back of the PC. The most common port is the output port that the computer speakers use. However, this is not a computer speaker plug necessarily, it’s an analog output port that headphones or recorder could receive as well.  The other ports consist of an input jack, and sometimes even joystick ports are built in as well but really have nothing to do with sound processing. 
3.2 How the sound card works

The sound card has output and input methods that both implement the PCM algorithm. They also have multiple processors to take care of its tasks, and keep pressure off of the CPU. The main processor on the sound card is the Digital Signal Processor (DSP). The DSP is responsible for compressing and decompressing the PCM data so it is more manageable. This allows for real time playing of audio and recording, and many cards can do both at once. If a sound card has the ability to play a sound and record a sound simultaneously, this is called “full duplex”.  The DSP is made for special purpose math oriented processors. DSP’s are used in all sorts of devices but they apply nicely to sound cards because of the amount of conversions involved in digital audio.

3.3 Special functions of the sound card
The sound card mainly is responsible for conversion of audio from analog to digital. Because it is specialized, the hardware makes a quick task of this. A pipeline of processes work on data as it goes though the card and is written to the hard drive.  Let’s follow the process of recording from a microphone onto the hard drive:

1. The microphone sends an analog wave to the microphone jack on the sound card that describes the sounds that are about to be recorded. 

2. Recording software decides which device to receive input over, in our case the microphone.

3. The sound wave is sampled by the ADC chip, which creates binary PCM data.

4. PCM data is next processed by the DSP which compresses the data to save space.
5. The DSP sends its output over to the motherboard and then the CPU.
6. Data is then directed by the CPU to the hard disk and written as a WAV file.
The sound card also has a special function to do the reverse of the previous process, the Digital to Analog Converter (DAC).  This is similar to the process mentioned for playing a CD except for it’s interactions with the computer. 5 
3.5 Multiple Channels
Sound channels are vital to creating an environment of sound, and sound cards are made to handle several streams at once. All sound cards have the ability to play stereo sound, or two channels. Most music is recorded in stereo, and DVD’s will often carry 6 channels to create Surround Sound.  We will discuss Surround Sound technologies in more depth in the Audio Quality section.
4.  Sound Programming

Programming sound is not as difficult or complex as one might think. The formats and libraries that are widely used have been created and designed around ease of use and reusability. The operating system controls access to the sound card and all calls to it must be made by programming libraries.  This is protection the operating system gives to the programmer and user so that recording or playing audio doesn’t crash the computer.  In this section we will talk about the Microsoft WAV format, see some basic sound programming examples, and learn how 3D sound is developed.
4.1 WAV Format

Microsoft created the WAV (pronounced wave) format in coalition with some other major groups. The name is shortened from WAVEform.  The format is simple and separates the file into chunks of data. There is a header chunk and data chunk with PCM data.  Because the WAV file stores raw PCM data it is the most precise format of recording. Other formats attempt to change the PCM data to their liking for different reasons, but mostly to compress it.

To understand the WAV format better, let’s take a look at the programming struct that stores information about the file and the actual data.


#define FormatID 'fmt '

typedef struct {

  ID             chunkID;

  long           chunkSize;

  short          wFormatTag;

  unsigned short wChannels;

  unsigned long  dwSamplesPerSec;

  unsigned long  dwAvgBytesPerSec;

  unsigned short wBlockAlign;

  unsigned short wBitsPerSample;

} FormatChunk;


A quick look at the struct shows that there is a significant amount of overhead in WAV files. Each chunk of data stores these variables along with it.  The software that plays this file can read this information in as it plays and act accordingly. Most likely if any part of a WAV file changed in the middle of the file, errors would take place as WAV file are not meant to do this.

For Macintosh users, the AIFF file is the most similar file to the WAV. They carry a common structure however WAV is built for the IBM processor and not playable on the Macintosh.  Their common structure is something called Resource Interchange File Format (RIFF), which allow the PCM to be stored in chunks.
4.2 Sound Programming

Microsoft has free libraries available that allows for sound programming around WAV files.  For simple playback and recording functions, the Waveform Audio Interface does the job nicely. This can be used with .NET to add sound recording and playback to an application with very little programming at all. Here is some example code from the Microsoft Developers Network
:
// Play a wave file

WaveOut wo = new WaveOut();

wo.Play(fileName, 512*1024, 0xffff, 0xffff);

// Record and save a wave file

WaveIn wi = new WaveIn();

wi.Preload(3000, 256*1024);

wi.Start();

...

wi.Save(fileName);
Also available from Microsoft is the DirectSound libraries that are most commonly used with games, or when complex audio playback is required.  DirectSound makes use of sound hardware to optimize performance and quality of audio in applications. 


The sound programming libraries take care of the interaction with the operating system calls to the hardware. After looking through the Waveform Audio Interface I found that recording and playing audio involves something called buffering.   In video programming double buffering refers to when one frame is displayed while the other is formed in the background, and then swapped with the shown frame. Audio works in the same manner. While one buffer is being played, the next one is being filled with PCM data. This creates a smooth playback and keeps the audio from having gaps.
4.2 3D Sound Programming
3D sound or surround sound is made possible by special technologies that use multiple channels. Sound Blaster, the best selling sound card manufacturer, created its own technology known as EAX. EAX not only controls up to 6 channels of sound, but it has specialized features that produce reverb that makes other sound enhancements.  EAX is actually not a piece of hardware, but a library that makes use of its digital signal processor (DSP).  This gives programmers ability to place sounds using coordinate systems in a 3D environment. Panning of music and shooting bullets are just some of the obvious things that can be done with this technology.  DirectSound from Microsoft is a competitor with EAX, and has many of the same kind of features, without the specialization in Sound Blaster hardware.

5. Audio Compression

For the casual audio listener and file sharer, raw PCM data takes up too much room to store very much on their PC or other storage media.  Because of this problem there has been a large amount of research and development in this area since the early 1980’s.  This section will cover lossless compression and one of its more prominent formats, as well as lossy compression and four of its formats. 

Open Source is a concept that comes up while discussing audio formats.  Open Source refers to having a software licensing agreement that allows free trade and development of that software. 
5.1 Lossless

Lossless audio compression uses algorithms that keep the original recorded material in tact, while lowering the file size. Once the material is compressed it can be uncompressed and reconstructed exactly as it was before compression.  This is advantageous for people who need to have the original audio file for editing or archiving purposes.  Lossless audio compression is better then simply using a lossless data compression on an audio file because it can be specific to audio in its algorithms.  In general most consumers do not use lossless compression, but with advances in the technology and increasing hard drive sizes, it could become more popular. 
5.1.1 Free Lossless Audio Codec (FLAC)

The Free Lossless Audio Codec (FLAC) is one of the more popular lossless audio formats.  The main algorithms that FLAC uses are linear prediction, Golomb-Rice coding, and run-length encoding.  Linear prediction is a mathematical operation where future values of input data are estimated as a linear function of previous data.  The estimate helps to convert the audio samples to a series of small, uncorrelated numbers. Converted data can then be stored using Golomb-Rice coding. This method is especially good at storing small numbers using bitwise functions.  Bitwise operations are extremely fast on computers because of their architecture.
  A specific example of how FLAC applies compression to audio is in its run-length encoding. Run-length encoding takes into account silent passages or identical passages. Here is some simple data that can be run-length encoded: 

AAAABBBACCZ encoded is 4A4BA2CZ
Combined technologies allow FLAC to compress 30–70% of the original file. FLAC is open source and is distributed by Xiph.org.   Something to look for in digital music sales is FLAC. This way when purchasing audio online, you get the original work and not a non-restorable compressed version.

5.2 Lossy 

Lossy audio compression is by far the most popular type of audio compression. This method throws away what is considered by the compression algorithm to be unneeded data. The way that it can do this safely is by paying attention to psychoacoustics.  
The amount of data thrown out is based on what is called a bitrate. Bitrates describe how much data (bits) are in each second of audio. Most lossy files have a constant bitrate, however more recently the concept of variable bitrate is becoming more popular. The variable bitrate uses a maximum and minimum bitrate and tries to accommodate the data by compressing according to its complexity.
5.2.1 MPEG-1 Layer III (MP3)
Development of the lossy MP3 format started in 1987 in Germany at the Fraunhofer institute, and was patented in 1996. Soon afterwards, mp3 files began to be traded online. The Napster file sharing program made MP3 a household name. Hardware devices to hold and play the files were created to sell to this new market.  Today, most DVD players sold have integrated MP3 playing capability.  
In 1998 Fraunhofer scared away much MP3 related software development when it issued a statement saying that it would charge licensing fees for any product they felt necessary.  The LAME project (LAME Ain’t an MP3 Encoder) kept development of MP3 alive. Many tests today show that LAME MP3’s are created faster and have better quality then most other formats available. The LAME project is open source, but the technology is still patented by Fraunhofer. While MP3 remains one of the best choices for audio compression, businesses should look elsewhere.

5.2.2 Ogg Vorbis (OGG)

The open source format Ogg Vorbis is was created by the same people who designed FLAC. On their website they state that the project was started “…after Fraunhofer issued its 'Letter of Infringement' to freeware MP3 encoder efforts.”  They recognized the need for open source multimedia and began a suite of projects of which the original was Ogg Vorbis.  Ogg Vorbis has does some great things with audio compression and is especially well known for its ability to sound good at very low bitrates, which is great for streaming music or voice.   By default Ogg Vorbis encodes at a variable bitrate and prefers that its users don’t choose the bitrate, but instead use a quality scale from 1-10. 


After releasing their stable binary in 2004, Ogg has yet to achieve popularity. Most audio applications will support it, but users really haven’t had a good reason to switch over.  Quality tests show that Ogg Vorbis is very close in quality to the LAME MP3.  This is the most promising new format available to developers and business.
 
5.2.3 Windows Media Audio (WMA)

Microsoft Windows is very influential and is the operating system of most of the world’s computers.  When MP3 became a big hit, they created their own version to work with their software. Windows Media Player will play files like MP3 by default, but it prefers WMA.  For example, the player has the ability to “rip” music from CD’s but by default the generated files were WMA.  In this fashion, many people use WMA and don’t even know they are doing it.  The quality of WMA is not as good as both Ogg and LAME MP3 according to unbiased testing. 

The WMA is not only patented but it allows copyright holders to lock down their own material.  WMA has Digital Rights Management (DRM) ability built right in.  DRM has an important history that is based on the controversial Digital Millennium Copyright Act.
  DRM availability is mainly attractive to those who sell digital audio media. One instance of this is Napster, who has re-emerged as a legal WMA retailer. Napster has a subscription service that allows for unlimited file downloads. These unlimited downloads contain DRM protection.  The DRM protection uses time based licenses and authentication to unlock the files every time they are played.  The unlocking requires an internet connection and many file sharers find DRM to be annoying and unwanted.  However, this is only mentioned to help evaluate and understand the format as a whole.
5.2.4 Advanced Audio Coding (AAC)

AAC was originally developed by Dolby and the MPEG group to replace the current audio format for DVD’s.
  Today’s DVD’s still use the old format (AC3), but will eventually be replaced.  One way that AAC is better then AC3 is that it has variable bitrate encoding like the rest of the formats mentioned under lossy in this paper.  AAC itself is not a popular format on its own, but certain paid services have made it popular. The main paid service that I am talking about is iTunes.  iTunes, like Napster is a paid service, but it protects all of it’s files with proprietary  DRM.  Because of this, the iTunes AAC is only playable on the iPod and with the iTunes player.  There is a kind of consumer game going on as iTunes runs on Windows, but their format won’t play on Media Player or any other audio devices.  Also, WMA will not play on the Apple iPod or their operating system.  Of the two DRM formats, the iTunes ACC has the better quality behind it. Overall, iTunes ACC is still behind Ogg Vorbis in quality but is about on par with LAME MP3.  ACC on its own may become a world standard within a few years because the file structure was made to allow the addition of DRM-related control. This pliability is important to business.
5.3 Audio Codec

When talking about digital audio formats, it we inherently are talking about digital audio codecs. A codec is what allows certain audio formats to be played on a computer or any device. The codec is a set of rules that allows for reading and playing the certain format.  In order to play an Ogg Vorbis file, the codec must first be installed. The compression itself can be done without having a codec installed. 

Many codecs are installed on operating systems by default, but others are avoided because of potential licensing fees or even competition. Red Hat Linux decided not to install the MP3 codec on all releases starting with 8.0 because of the potential fees.  User installation of codecs is not a difficult process, and most have their own installer of sorts, including various tools like compressors.
6. Audio Quality

Quality of digital audio is something that many people, consumers and business both are looking for.  The most obvious step in digital audio quality is when it is converted from analog to digital. This conversion estimates the original very well, but some feel like it’s not done well enough. The newer technology is pushing for better and better estimates of the sound wave, including surround sound. The source itself is not the whole picture when it comes to audio. There are so many pieces that are in charge of delivering the digital waves to us. This section will cover what is known about stereo equipment and audio compression quality. 
6.1 Standards in Stereo Equipment
Stereo equipment is very complex because of the many pieces that are responsible for producing sound.   Research shows that there is very little for actual standards in stereo equipment. Everything must fit into the puzzle just to get the desired sound. For example, the amplifier must produce enough energy to move the speakers to their full ability.  For the consumer this can be very confusing, and reading specifications on packaging does little to help. Reading reviews of a product can be much more helpful because that person has had time to test a product to its full ability.

Key features that should be present in Stereo equipment are support for inputs of other devices and surround sound. This way a computer or DVD player can use the stereo to broadcast the signal.  Surround sound is important because of the increasing amount of channels available in audio. Without the right player, those six channels could be down sampled to two.
6.1.2 Surround Sound

So far we’ve talked about related entities to surround sound like channels and 3D sound programming. With digital audio quality in mind, surround sound is a very important piece in delivering the accurate environment of sound. Significant improvements have been made since the movie Fantasia came out in 1940 with stereophonic sound.   Two channels is really not much of an environment for what our ears can handle and account for.   One major limit of stereo sound is that it can create a ping-pong effect where not enough of the sounds are mixed between the two channels and feel to be skipping around the sound stage.  Also, with stereo sound, everything seems to come from a projection wall of sorts and it does not create the acoustics that we come to expect from concert auditorium. 

The most widespread name in surround sound is Dolby Labs. They create and develop the technologies that greeted fans of star wars in the 70’s and continue to improve upon their designs to meet today’s needs. In the mid 1970’s Dolby Surround came out for movies like Star Wars and was then ported for home use shortly after. Much of what they do in the Dolby labs is discovering how to encode channels into something that can be decoded by their hardware products while it’s played. Dolby Surround encoded four channels into two, making it easy for vendors to adapt and support the new technology.

Today’s Dolby technology is Dolby Digital EX. This includes 6.1 channels of sound which are the Left Front, Center, Right Front, Surround Left, Surround Right, and Subwoofer with a Surround Back Center or Surround Back Left and Surround Back Right.  Without an extra piece from Dolby labs all those channels are left mainly for movies or the video gamer. Dolby Pro Logic II can simulate 5.1 channels from any music source, filling the gap that is normally left.  Pro Logic II also has presets that allow for the desired soundstage. Home Theater at About.com explains the settings as: 

Dimension control, which allows users to adjust the soundstage either towards the front or towards the rear. 

Center Width Control, which Allows variable adjustment of the center image so it may be heard only from the Center speaker, only from the Left/Right speakers as a "phantom" center image, or various combinations of all three front speakers. 

Panorama Mode which extends the front stereo image to include the Surround speakers for a wraparound effect.
With all this control its not surprising to say that what really matters in quality is what sounds right to the listener. 


Dolby is not the only name in surround sound technology; they have some great competition. Digital Theater Systems (DTS) is one of the more direct competitors.  Their main product is much like Dolby Digital EX except there has been acceptance from musical productions by recording in the format. 
SRS Labs invented Tru-Surround that does something that neither Dolby nor DTS can. Tru-Surround takes a 5.1 source, and can play it with excellent definition and clarity over two speakers.  The many choices of surround sound can be daunting, but knowing them helps to understand what hi-tech name will fit the need.

6.2 Compressed Audio Quality
With any of the aforementioned lossy formats, audio quality is definitely at stake.  Some say that a constant bitrate of 128kbits/sec is the answer and others argue that it all depends on the format.  Designers of formats are quick to boast their own quality
, and will often compare themselves to technologies that are old to make it look better.  Most certainly an unbiased test is best. 

The most fair and accurate format test I found when searching online was by Roberto Amorim.
 He analyzes six formats, four of which are mentioned in this paper. The analysis covers how they perform in the bitrate range of 128kbits/second over a very wide range of music.  These data is actual ratings given by humans who listened to each of the samples and reported back to Roberto (Fig. 5). More about his test can be found on his webpage.
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Figure 5: Unbiased Test Results

Roberto’s ratings are a great example of why the best way to look at compressed audio is to use it yourself.  The important thing is to know how to recognize the differences, because ignorance with compressed audio is not bliss at all.  
The first step is recognizing differences compression quality is to listen for complex sounds. One such sound that is often very easy to pick up on is the sound of a crashing cymbal. This broad range of sound is hard for a lossy format to deal with and can create a thin, ruptured sound.  Also, separation in the channels is important in compression.  Lack of clarity of the individual channel is can be heard when the direction aren’t positioned quite right.  Full bass replication is another thing that is easy to spot in badly compressed audio. When the compressor looks for data that we can’t hear, it will often remove bass that we can feel. This is very undesirable, and is related to the major component in badly compressed audio. Tiredness with music can correspond with compressed music that we might not hear the difference but our ears become annoyed with.  Using these different techniques it is easier to be the judge of what really does sound best. 
7. File Sharing
Since the mid 90’s file sharing has become a part of the internet community.  From the start, digital audio was the easiest to share and trade.  This has some great impacts on society, both positive and negative. Today it’s not just audio being shared but DVD movies and increasingly large files because of the now available bandwidth to go around.  The main problem with sharing files is that much of this is copyrighted works.  There are different uses available and this section will cover each stance about sharing digital audio. 

7.1 Recording Industry Assoc. of America


The Recording Industry Association of America (RIAA) is the main force in stopping the sharing of copyrighted audio works.  The RIAA set out to stop the first Napster sharing service and succeeded after a series of trials. Later, they went on to sue random users of Kazaa which was a more decentralized system then Napster. Their scare tactics worked and users eventually moved on to other services. This pattern continues today, as the RIAA claims to be losing money over file sharing.

7.2 The Digital Millennium Copyright Act 
The Digital Millennium Copyright Act was signed in by President Clinton in 1998. This act is what allows the previously mentioned lawsuits to take place. The interesting thing about these lawsuits is that they go after the person who is sharing the copyrighted material. The DMCA calls this infringement, “measures that prevent unauthorized access to a copyrighted work and measures that prevent unauthorized copying of a copyrighted work.” 
 
7.3 Open Source Music

On the opposite end of the spectrum from DRM protected music is open source music. Normally the nature of open source is that you can change software to how you like, then distribute it, sell it, and copy it under the same open source license. With music it’s not quite the same because there is no source code. However music can be edited or sampled to make new and different music.  One such site that shares this kind of music is called Opsound.org.  They describe themselves as follows 
“Opsound is an experimental record label and open sound pool organized through the opsound.org website. It is a kind of laboratory for looking at how artists can release music in a manner synergistic with the internet's capacity to encourage communication and sharing. Opsound explores the possibilities of developing a gift economy among musicians, borrowing from the model of the open source software community.”

This is a whole different mindset than what the RIAA is seeking out and may play a big part in the future of digital audio. 
8. Digital Audio Advances
Digital audio hasn’t stopped evolving. Much of the technology news today has to do with entertainment because it is such a big industry.  In this section we will explore two new media formats as well as satellite radio technology.
8.1 Blu-ray and HD DVD

The next in format wars is not a easy battle like VHS versus DVD but instead something a little more vague.  Two new media formats and hardware technologies use a blue laser instead of the standard red in CD’s and DVD’s. It’s comforting to know that these systems will allow backwards compatibility for CD’s and DVD’s.   The main advantage to upgrading will be an enhanced storage capacity. The blue lasers can be focused to allow recording and reading at a much smaller level. 
The Blu-ray, developed by leading consumer electronics and PC companies, can hold 25-50 gigabytes of data
, which is roughly 5-10 times more than a DVD.  The Blu-ray was designed with the future in mind the media, it hopes to tame the market for up to ten years straight. An upside for the consumer is that HDTV will be directly compatible with Blu-ray and no conversion will need to take place to record HDTV onto a Blu-ray disc.  An upside for the Motion Picture Association of America is that has stronger content protection system then DVD’s.
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Figure 6: HD-DVD vs. Blu-ray disc

The other format coming to battle is the HD-DVD made by Toshiba and NEC.  The HD-DVD has less room to grow but the technology has been in the making since even before the DVD started being sold.  The best part about the HD-DVD is that it costs much less to produce then the Blu-ray. It’s disc design (Fig. 6) is also similar to DVD so electronics prices should not go up as much with Blu-ray. 


Here it seems that the Blu-ray should be the clear winner of the next format war, but it’s important to mention the history of Betamax and VHS. Betamax had the better of the two video technologies in the 1980’s, but VHS won over consumers with its cheaper format. 

8.2 Satellite Radio


Satellite radio is technology that is slowly becoming popular world wide. Companies like Sirius and XM Radio currently dominate the United States market, but other countries have their own broadcasters. This type of radio is generally a subscription service that offers more commercial free programming. The technology behind it involves strategically placed satellites, and complex receivers that can collect the signal. Since many of the radio customers are in vehicles, companies place repeater dishes on buildings or the ground in areas where the satellite signal could be blocked. 

9. Conclusion

Digital audio is a very broad topic covering our biological workings to how it is used in every day life. The main topics we’ve covered in this paper were:

1. Digital audio is only heard as an analog wave and there conversion any time digital audio is played. The PCM conversion model allows for the conversion to be done quickly, and unnoticeably.
2. The history of sound recording is vast, and but covers a span of 128 years. The entertainment industry makes this technology grow faster than many others. We are long way from recording with a needle and some tin foil. 
· Computers are excellent examples of recording and playing digital audio. Other devices that play or record digital audio do so at a smaller level with the same concepts of conversion and pipeline processing. 
· Software can be easily programmed to use audio. The operating system deals with calls to hardware, however many libraries have been written to help the audio programmer.
· Digital sound formats have different qualities and purposes.  Lossy compression is made for fast transfer and low amounts of storage space, while lossless compression keeps the original file in tact.  Digital Rights Management restricts use for the consumer while keeping copyrighted material in check.

· Audio quality is based on what we perceive and how realistic produced audio feels.  There is no standard in audio quality from your stereo to your favorite type of compression. 

· Music file sharing has influenced the recording industry and our perspectives on copyrights.  Law suits on file sharers has scared users away, while others embrace the idea by releasing their music free from record labels or copyrights.

· The future of recording formats includes more storage, flexibility, and wider coverage through satellite technology. 
10. Appendix
10.1 Tutorial Questions
1. Which came first, the light bulb or the phonograph?

2. On a CD, a pit represents a 1 or a 0?

3. Run length encode this string: SWEEEET

4. Which compression format is rated highest in unbiased testing?

5. What does an audio codec do? 

6. What is the standard audio sampling rate?

7. Name one of the mentioned psychoacoustic concepts.

8. PCM and DSP is the same thing T or F?
9. What is DRM and what how does it affect audio quality?
10. What does Dolby Pro Logic do to enhance audio?
10.2 Tutorial Answers

1. The phonograph came first.

2. A pit represents a 0 as the laser pickup cannot see the refracted light.

3. SW3ET

4. Ogg Vorbis is rated highest and is completely patent free. 

5. The audio codec plugs into the operating system so that audio files of the codec format can be played. 

6. The standard sampling rate is 44.1 kHz.

7. The Absolute Threshold of Hearing, Temporal Masking, and Illusory Continuity of Tones are all psychoacoustic related topics.

8. False. DSP is Digital Signal Processing and allows for smooth playback and recording. PCM is pulse coding module and is what allows us to convert an analog signal to digital or vise versa.
9. DRM is digital rights management and it nothing to do with quality, and everything to do with control of the audio use.

10. Dolby Pro Logic II creates extra channels to fill in the surround sound channels on a stereo system.
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