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2 – Methodology of the Work 

To support my research and investigations into audio compression codecs, a number of tests 

were performed, intended to compare a selection of codecs in various ways. The prime 

considerations when gauging the effectiveness of an audio codec are the sound quality, 

resultant file size and encoding time. To this end, I devised a method for testing each of these 

attributes (where relevant) for a selection of commonly used audio compression codecs – 

lossy and lossless. 

 

2.1 – Lossless Codecs – File Size and Encoding Duration Tests 

Files encoded using lossy codecs are generally assigned a bit rate before encode. This may be 

a variable or constant bit rate, but in either case, it is the primary influence on the size of the 

encoded file. Therefore, a file encoded at 192 kilobits/second with one codec should have a 

very similar size to the same file encoded at the same bit rate with a different codec. After 

testing this supposition and discovering that the file size varied by only one to two percent 

between codecs – in addition to the fact that tag information can affect file size – I decided 

against using this method of testing for lossy codecs. The primary consideration when 

comparing lossy codecs is the quality to bit rate ratio; the methodology of this testing is 

covered later in the report. 

For lossless audio compression codecs however, the prime consideration is the compressed 

file size, as by definition there is no quality difference between each codec – they contain 

exactly the same audio data as the original. Lossless codecs in general consume a relatively 

large amount of storage space when compared to lossy codecs, making the file size an 

important factor in deciding between codecs, as a user may be dissuaded from using lossless 

codecs if file size is prohibitively large. Also of some importance when comparing lossless 

codecs is the speed at which the encoding is carried out, as this could have an impact on the 
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practical usage of the codec. Converting a large library of music to a compressed format 

could be a laborious process if the encoding duration is excessively long. 

To compare these attributes of several available lossless codecs, I developed a testing plan 

involving converting original uncompressed audio files to their compressed formats. To 

ensure that the original files were uncompressed, I sourced a number of audio CDs from 

which I could extract the audio. I selected various genres of music to ascertain to what extent 

differences musical content would affect the results: 

Classical: Classic FM – Smooth Classics for Rough Days (disc 1)  

Jazz: Courtney Pine – Destiny’s Song and the Image of Pursuance 

Metal: Lamb of God – Ashes of the Wake 

Ballads: Nat King Cole – Let’s Fall in Love 

Acoustic guitar: Rodrigo y Gabriela – Re-Foc 

Each of these albums was first copied from the audio CD to PCM wave files (44.1 kHz, 16-

bit, stereo) using Creative MediaSource 5: 

 

I chose to copy complete albums rather than simply one track, so that the results could be 

totalled and any erroneous results would be mitigated. When all of the complete audio CDs 

had been copied to the hard disk, they were ready for conversion to the three lossless 
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compression formats that had been chosen. Below are the codec names and versions, along 

with the programs used to convert the files: 

Lossless Codec Encoder 

Microsoft Windows Media Audio (WMA) Lossless 9.2 Creative MediaSource 5 Audio Converter 3.0.3.0 

Apple Lossless Apple iTunes 7.1.1.5 

Xiph.Org Free Lossless Audio Codec (FLAC) 1.1.4 Speek FLAC Frontend 1.7.1 

 

The first two codecs were selected due to the market dominance of their developers and 

therefore their popularity as formats. FLAC was included as it is a popular method of lossless 

compression and is free and open source, like Vorbis, the lossy codec by the same developers 

Xiph.Org. Each codec was set to convert at 44.1 kHz sample rate, 16-bit, in stereo – the same 

settings as the original file. The FLAC converter had the additional option of encoding level 

adjustment, on a scale of 0 to 8. As the FLAC codec is always lossless, the setting does not 

relate to audio quality in any way; it specifies the balance between file size and encoding 

time. A setting of 0 will produce the largest file in the shortest time; conversely a setting of 8 

will produce the smallest file in the longest time. The default setting of 5 provides a 

compromise between the extremes and consequently this is what was used for the testing. The 

other codecs did not offer a choice of compression levels, as this had been pre-coded by the 

developers, effectively the same principle as the default level 5 in FLAC. Some research and 

initial testing confirmed that the higher encoding levels do not provide a significant file size 

decrease, especially when weighted against the increased encoding duration. 

The testing procedure involved adding all of the tracks to the conversion list in each program. 

This was carried out one album at a time, using each conversion program in turn. In order for 

the results to be unbiased, all other programs were closed and all testing was performed on the 

same PC. The conversion time of each album in each program was measured and logged. 
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WMA Lossless conversion using Creative MediaSource Audio Converter: 

 

Apple Lossless conversion using Apple iTunes: 

 

Speek FLAC Frontend for converting to FLAC: 
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Conversion of FLAC files in progress: 

 

When the conversion process had been completed and timed, the total size of each album was 

logged for each codec. This allowed for direct comparison between all three codecs in terms 

of the resultant file size and encoding time for the various styles of music selected. The results 

of this are in section 3.1. 

 

2.2 – Lossy Codecs – Subjective Listening Tests 

As part of my investigation, the audio quality of various lossy codecs was compared via 

subjective listening tests. These were designed to produce an unbiased result which would 

give a clear indication of which codecs perform the best in real-world usage. For the 

comparison four of the most popular codecs were selected: MP3, WMA, AAC and Vorbis. 

MP3 by the Fraunhofer Society is the oldest of these – it was finalized in 1993 (Thomson 

2005) – yet is still one of the most popular formats, possibly due to its broad multi-platform 

support. WMA, developed by Microsoft is a popular codec, partially due to its support by and 

inclusion in the Windows operating system. AAC by Apple has become very popular because 

of the success of the company’s iPod range of portable media players. Vorbis, although less 

popular due to lack of industry support, has a substantial following and has the benefits of 

being licence-free and open source. 

To compare these codecs, I gathered uncompressed source material in the form of audio CDs 

of three genres of music and one containing only speech. From each of these CDs, one track 



63 
 

was chosen which typified the genre and had varied sections of music with which to test the 

codecs: 

Rock / Pop: Queens of the Stone Age – The Lost Art of Keeping a Secret 

Classical: Gustav Holst – Jupiter, the Bringer of Jollity (from The Planets)  

Jazz: Courtney Pine – Beyond the Thought of My Last Reckoning 

Speech: Educational French language audiobook 

A varying selection of genres was chosen, as each could highlight specific attributes of codecs 

where there may be weaknesses, which might not show up in every type of music. A foreign 

language speech file was chosen so that the listener would not be distracted by the verbal 

content of the audio and consequently would concentrate more on the quality of the encoding. 

Each chosen track was copied from the album CD to the hard disk in standard PCM wave 

format (44.1 kHz, 16-bit, stereo) using Creative MediaSource. 

 

The tracks were then opened in Sony Sound Forge 8.0 and suitable 1-minute sections 

containing multiple musical segments were located. These were then cropped from the 

original file, with fade-ins and fade-outs added to the start and end to soften any abrupt 

changes. Care was taken to crop the start and end at an appropriate time in the tracks so that 

they could be easily looped. Each 1-minute section was then saved as a new wave file, with 

the same sample rate and bit depth as used previously. 
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Section selected for cropping in Sound Forge: 

 

More detailed audio editing in Sound Forge: 
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Fade-out being added to a cropped wave file: 

 

The cropped wave files were then renamed to 1, 2, 3 and 4.wav for the rock/pop, classical. 

Jazz and speech excerpts respectively. This was in order for them to be easily identified for 

conversion and inclusion in the listening tests. 

A choice of appropriate encoder settings to be used would be important for achieving valid 

results. The sample rate, bit depth and number of channels were kept the same as the original 

files, therefore the same as audio CDs, so not losing any audio quality in the process. These 

settings of 44.1 kHz, 16-bit, in stereo are the most common for tracks copied from CDs, so 

would be highly compatible with available devices and platforms. The most important factor 

would be the bit rate at which the compressed files were encoded. A constant bit rate was 

chosen rather than variable, as it allowed a more direct and fair comparison between codecs 

by guaranteeing that the same amount of storage was used for each file. The total range of 

encoding options for the codecs was 5 to 500 kilobits/second. However they did not all 

support such extreme figures and it was not necessary to encode at bit rates at the limits of 

that range. A piece of music encoded at 5 kilobits/second with any of the test codecs would 

produce very unsatisfactory results, making the track unlistenable. Likewise, encoding at a bit 

rate of 500 kilobits/second produces negligible improvement over one encoded at a much 

lower bit rate, so to do so would be a waste of storage and would not be making efficient use 

of the compression potential. 
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Those who use audio compression codecs for CD-audio quality tracks generally encode at bit 

rates in the range of 64 to 320 kilobits/second, with 128 kilobits/second being common for the 

average user. After some initial trials, it was found that the quality difference between codecs 

at 128 kilobits/second was not large enough to warrant a detailed investigation and 

comparison, especially when considering that most users would normally listen to the tracks 

on poorer quality equipment than used in the tests. This is backed up by previous listening 

tests in this area (Mares 2005). A bit rate of 64 kilobits/second was chosen as this clearly 

highlighted the differences in encoding quality of the codecs, so those performing the 

listening tests would be able to give detailed and accurate responses. These results would then 

be able to be used to effectively judge the efficiency of the codec as a whole, indicating 

whether higher bit rates are required for listenable quality and how accurately audio would 

likely be encoded at those higher bit rates. Also, 64 kilobits/second is advertised by some 

major codec developers as useable high quality audio. For example in an informational web 

page Microsoft lists the potential number of songs and play duration of hardware of varying 

storage capacities using “Approximate figures based on CD-quality WMA (64 kbps)” 

(Microsoft 2007). 

 

Lossy codecs and encoders used for this test: 

Lossy Codec Encoder 

Fraunhofer IIS MPEG-1 Audio Layer 3 (MP3) Apple iTunes 7.1.1.5 

Microsoft Windows Media Audio (WMA) 9.2 Creative MediaSource 5 Audio Converter 3.0.3.0 

MPEG-4 Advanced Audio Coding (AAC) Apple iTunes 7.1.1.5 

Xiph.Org Ogg Vorbis 1.0 COWON jetAudio 7.0.0.3001 Basic 
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The MP3 and AAC files were encoded using Apple iTunes: 

 

The WMA files were encoded using Creative MediaSource Audio Converter: 
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Files were converted to Ogg Vorbis using COWON jetAudio: 

 

Where available, voice optimization was enabled for the speech track; of the codecs used, 

only the AAC codec supplied this option. The MP3 encoder presented the options of Normal 

Stereo or Joint Stereo, Smart Encoding Adjustments on or off and filtering of frequencies 

below 10 Hz. Normal Stereo was chosen, so as not to reduce the file’s quality. Smart 

Encoding Adjustments were turned on to gain maximum benefit from the compression and 

frequency filtering was disabled so that the audio was altered as little as possible. When 

encoding was completed, there were 16 compressed tracks in addition to the four 

uncompressed files. Each codec was assigned a letter from A to D: MP3, A; WMA, B; AAC, 

C; Ogg Vorbis, D; these letters were appended to the file names of the appropriate tracks, so 

they were now named 1A, 1B, 1C, 1D; 2A, 2B, 2C, 2D; 3A, 3B, 3C, 3D and 4A, 4B, 4C, 4D. 

Consequently each song excerpt was listenable in 4 different codecs plus the original wave 

file. Which letters represented which codecs was known only to myself and would not be 

revealed to the testers, so as not to affect the results with predetermined opinions on the 

quality of particular codecs. 

To perform these tests, it was necessary to use a system where direct comparison between 

codecs was quick and simple. One option was to load all of the compressed versions along 

with the original of the appropriate excerpt into a sequencer such as Cubase or Pro Tools and 
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play them all simultaneously. Mute and Solo buttons could then be used to switch between 

the tracks for comparison. However these controls would not allow instantaneous switching 

between tracks in the manner required. To this end, a piece of software was developed which 

would allow rapid track switching: 

 

This program was developed in C# using Microsoft’s Visual Studio 2005 software 

development environment and uses DirectX to manipulate and play back a number of audio 

files simultaneously. The program displays 6 panels, labelled A to F. An audio file can be 

loaded into each of these using the “Load File X…” button. Due to the design of the software, 

only wave files could be loaded and played back synchronously. For this reason, all of the 

compressed audio files were converted back to uncompressed wave files using the same 

programs as previously used. This did not alter the quality of the files in any way, as the lossy 

compression algorithms had already been applied to them. Also it meant that if the user were 

to see the file name extensions during the loading or playback of the files, they would give no 

indication as to the codecs used to encode them. The files were still named according to the 

piece of audio and codec used, so the re-encoding did not present any file management issues. 

For the testing procedure, four instances of the application were loaded; one for each of the 

pieces of audio used. In the first program, the files converted to wave from compressed files 

named 1A to 1D were added to the first four relevant panels. The original uncompressed 
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excerpt was loaded into panel E as a quality reference for those performing the listening tests. 

The Play, Stop and Pause buttons could be used to control the playback of all five audio files 

simultaneously. Clicking Play caused all loaded files to play synchronously, which could be 

paused and resumed using the Pause and Play buttons, or stopped and restarted from the 

beginning using the Stop and Play buttons. The Reset Volumes button caused the volumes of 

all loaded tracks to be reset to 100 percent so that they would all play simultaneously again. 

Compressed versions A, B, C and D for tracks 2, 3 and 4 were loaded into the appropriate 

panels of the other three program instances, in addition to their respective original 

uncompressed tracks in panel E. 

Codec Demo App with four compressed and one uncompressed version of the same track 

loaded (files have been re-converted to wave for compatibility): 

 

This four-program setup was run on a Windows PC, with the audio signal output to a pair of 

Mackie HR624 studio monitor speakers via a Mackie digital desk. This speaker setup was 

chosen as it provides a wide range frequency response, from 51 Hz to 20 kHz with only a 

±1.5 dB variation (LOUD 2007). This flat response makes the sound reproduction extremely 

faithful to the original signal input, without boosting or cutting any frequencies significantly. 

These qualities make them ideal for performing subjective listening tests as they will not bias 

the results. The listeners performing the tests were placed equidistantly between the two 
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speakers, in the “sweet spot”, so that all emitted frequencies could be heard clearly and the 

stereo image was balanced and true to the original. 

To perform the testing, I selected fellow Music Technology students as their experience and 

knowledge of music and technical considerations should make them more attuned to detecting 

specific and minute differences in audio – at least more so than the average listener. I chose to 

use six testers, so their results could be averaged, which would reduce the effect of any 

erroneous results they may individually produce. 

A results form was designed that was given to each of the six testers, so that their opinions on 

specific qualities of each codec could be recorded. This contained four identical sections for 

each of one the four tracks (rock/pop, classical, jazz, speech), so that they could all be rated 

based on the same criteria. The codecs were rated in four different areas: bass, treble, clarity 

and spaciousness. 

Bass: The low end frequencies are often discarded by encoders as they may not be audible on 

lower quality hardware; however this difference will be perceptible on the test setup. 

Treble: Compared to the original file, the high frequencies might be lacking in some of the 

compressed files; this is particularly notable in cymbals. 

Clarity: The general definition of the file may be lacking, so individual sounds and 

instruments cannot be heard clearly. 

Spaciousness: Some codecs can cause the encoded file to sound small and enclosed with a 

reduced stereo image. 

For each of these criteria for each codec, there were boxes to be chosen between and ticked to 

indicate the listener’s opinion: Good, Average or Poor. In addition, for each track there was a 

section with four boxes, so the codecs could be placed in order of overall quality, from best to 

worst. 
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A web form with exactly the same criteria and ratings was also designed and uploaded to a 

web server, to be run in a web browser. This would have allowed more rapid processing of 

the results data, as it would have been sent via email, then imported into a spreadsheet 

program. However the computer setup used for testing did not have internet access, so the 

paper-based form was used instead. 

Web form for testers to enter results (unused): 

 

Results form given to those performing the listening tests (see appendix A1): 
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Instructions and information about the testing procedure were explained to the testers prior to 

testing. However once testing had begun, there was no external influence. No time limit was 

imposed on the testing session; it was finished when all of the boxes on the form had been 

filled. The six named and completed forms were then ready for collation and analysis of the 

results, detailed in section 3.2. 

 

2.3 – Frequency Spectrum Analysis 

2.3.1 – Codec Comparison 

An alternative method of gauging the differing effect of a number of codecs on a piece of 

audio is frequency spectrum analysis. This involves using a piece of software to analyze the 

frequency content of an audio file, giving the amplitudes for each frequency along the time 

scale of the entire file. The codec comparison would involve acquiring uncompressed audio, 

encoding it into a number of compression formats, then carrying out the frequency analysis. A 

utility to perform this function is included as part of Sony’s Sound Forge 8.0. Much like some 

audio codecs use the modified discrete cosine transform (MDCT) to ascertain the frequency 

content of a piece of audio, this software utilizes a similar algorithm named Fast Fourier 

Transform, to analyze the frequency spectrum. The spectrum is then displayed graphically in 

the form of a sonogram in greyscale or colour, or a line, filled or bar graph. 

 

Colour sonogram: 
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Greyscale sonogram: 

 

Line graph: 

 

Filled graph: 

 

Bar graph: 

 

The disadvantage of using the final three display styles is that the time scale is not displayed; 

regions can be selected and the frequency spectrum and amplitudes will be displayed, but the 
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way in which they change over time will not be shown. However for short sections of data or 

at specific points in a file they can give a more precise picture of the audio content. As larger 

sections of audio were to be compared, the sonogram method was used. Colour rather than 

greyscale was used as the variance in hue aids differentiation between amplitudes. 

Uncompressed audio was obtained in the form of track one, named Lycanthrope from the 

album When Your Heart Stops Beating by +44, on CD-Audio. It belongs to the pop / rock 

genre, so is mastered with a fairly small dynamic range throughout, simplifying frequency 

spectra comparisons between encodings. The track was copied from the audio CD to the hard 

disk in 44.1 kHz, 16-bit stereo wave format using Creative MediaSource 5: 

 

The first 30 seconds was cropped from the audio file using Sound Forge, as the whole song 

was not required due to the fact that the frequency content was similar throughout. Also with 

a 30 second sample, more detail could be viewed per second of audio. 
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Audio file being cropped in Sound Forge: 

 

The cropped file was then encoded into a number of compressed formats: 

Lossy Codec Encoder 

Fraunhofer IIS MPEG-1 Audio Layer 3 (MP3) Apple iTunes 7.1.1.5 

Microsoft Windows Media Audio (WMA) 9.2 Creative MediaSource 5 Audio Converter 3.0.3.0 

MPEG-4 Advanced Audio Coding (AAC) Apple iTunes 7.1.1.5 

Xiph.Org Ogg Vorbis 1.0 COWON jetAudio 7.0.0.3001 Basic 

 

A bit rate of 128 kilobits/second was used, leaving the other settings the same at 44.1 kHz, 

16-bit, stereo. This bit rate was chosen as it is commonly used for encoding music for internet 

distribution and would give a representation of typical compressed audio quality. The MP3 

encoder presented the options of Normal Stereo or Joint Stereo, Smart Encoding Adjustments 

on or off and the filtering of frequencies below 10 Hz. Normal Stereo was chosen, so as not to 

reduce the file’s quality. Smart Encoding Adjustments were turned on to gain maximum 

benefit from the compression and frequency filtering was disabled so that the audio was 

altered as little as possible. 

 



77 
 

iTunes was used to encode the MP3 and AAC files: 

 

Conversion to WMA was carried out by MediaSource Audio Converter: 
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jetAudio was used to convert to Ogg Vorbis: 

 

Each of these files was then opened in Sound Forge for spectrum analysis. The 

“View>Spectrum Analysis” command in Sound Forge displays the Spectrum Analysis 

window for the currently open file: 

 

The horizontal component is the time scale of the audio and the vertical axis shows the 

frequency from 0 to 22 050 Hz, which is the maximum reproducible frequency in a stereo 

44 100 Hz audio file. Red on the sonogram indicates high amplitude at that time and 

frequency, blue indicates low amplitude, with green representing an intermediate level; the 

range of the sonogram used was -150 to 0 dB. Spectrum analysis was carried out on the 

original uncompressed file and all four compressed files to discover what effect on the 
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frequency spectrum the compression had produced in each case. The outcome is detailed in 

section 3.3.1. 

 

2.3.2 – Analyzing Compression Distortion 

A variation on this spectrum analysis method involved phase inverting a compressed audio 

file, then adding it to the uncompressed version of the same piece of audio. The sum of these 

two files would then be the difference between the uncompressed and non-inverted 

compressed files, or the compression distortion caused by encoding. This was carried out 

using the same piece of audio as in the last section (the 30 second Lycanthrope sample), 

encoded into MP3 using iTunes at a bit rate of 128 kilobits/second, at 44.1 kHz, 16-bit, 

normal stereo. Smart Encoding was turned on and sub-10 Hz frequency filtering was disabled. 

By not using the highest bit rate available, the differences between the compressed and 

uncompressed audio would be highlighted, so that the compression distortion effects could be 

heard more clearly. This encoded file and the original wave file were imported into an empty 

project in the music sequencer program Cubase SX 3: 

 

The Cubase Sample Editor was then used to align the two audio files, using the Samples scale 

to provide precise detail for accurate alignment. This was necessary due to the slight delay 



80 
 

added to the start of the compressed file by the encoder. By altering the Start position of one 

of the audio files, exact alignment could be achieved: 

 

The compressed file was then inverted using the Audio>Process>Phase Reverse feature. With 

this done, when playing back the project containing the two audio files, the only audible 

sound was the difference between the original uncompressed and compressed files. This is 

because the phase reversed compressed file cancelled out any of the same sounds created by 

the uncompressed file. An audio mixdown was exported as a wave file: 

 

This wave file containing the compression distortion was then opened in Sound Forge so a 

spectrum analysis could be performed on it; this is covered in the Results, section 3.3.2. 
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3 – Results 

This section contains the results of the various methods of testing used in this project. These 

can be used to determine the codecs best suited to a number of situations and give 

recommendations based on these findings, which could be of use to individuals who use 

codecs but are unsure which gives the best results. Audio files used in sections 3.2 and 3.3 are 

available on the disc in appendix A2. 

 

3.1 – Lossless Codecs – File Size and Encoding Duration Tests 

3.1.1 – Lossless Codec Results Tables and Graphs 

The testing of the three lossless codecs WMA Lossless, Apple Lossless and FLAC to 

compare compressed file sizes and encoding times produced the following results, which have 

been tabulated for clarity: 

  Albums  
Total file size (MB) 

(% of original size) Classical Jazz 

Rock / 

Metal Ballads 

Acoustic 

guitar Total 

 

Average 

WMA Lossless 

252 

(37.7%) 

304 

(55.6%) 

363 

(75.3%) 

308 

(51.2%) 

246 

(60.6%) 

1473 

(54.5%) 

295 

(54.5%) 

Apple Lossless 

262 

(39.2%) 

316 

(57.8%) 

370 

(76.8%) 

323 

(53.7%) 

257 

(63.3%) 

1528 

(56.5%) 

306 

(56.5%) 

FLAC 

255 

(38.1%) 

311 

(56.9%) 

368 

(76.3%) 

317 

(52.7%) 

256 

(63.1%) 

1507 

(55.7%) 

301 

(55.7%) 

Uncompressed (wave) 669 547 482 601 406 2705  541 

  

Encoding time (min:s) Classical Jazz 

Rock / 

Metal Ballads 

Acoustic 

guitar Total 

 

Average 

WMA Lossless 03:11 02:13 02:01 02:50 01:58 12:13 02:27 

Apple Lossless 01:03 00:59 01:02 01:06 00:46 04:56 00:59 

FLAC 01:03 01:02 01:00 01:11 00:46 05:02 01:00 
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Graph Showing Average Compressed Album Sizes for Lossless Codecs in Relation to 

Uncompressed Album 
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Graph Showing Average Album Encoding Duration of Lossless Codecs 
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3.1.2 – Evaluation of Lossless Codec Results 

The first results table shows the file size in megabytes of each compressed album in 

comparison to the original size in wave format. These sizes are totalled and averaged for each 

codec and expressed as a percentage of the original uncompressed size. The second table 

shows the duration of each encoding process, which is also totalled and averaged for each 

codec. Tabulating these results allows for simple and direct comparison of each codec, so 

their effectiveness can be evaluated. 

All of the lossless codecs produced an average compressed file size of between 54 and 57 

percent of the original size, indicating that the compression technologies are relatively similar 

in terms of end results. The combined results, calculated as a percentage of the original file 

size, were 54.5 percent for WMA Lossless, 56.5 percent for Apple Lossless and 55.7 percent 

for FLAC, giving a variation of only 2 percent of the original file size. For every album, the 

WMA Lossless codec produced the smallest files, followed by the FLAC, with the Apple 

Lossless codec producing the largest results in each case. These results, although consistent 

for each codec are comparatively negligible when the overall album size is considered. 

If the album compression level is considered for each genre separately, it is clear that the 

musical content has a large impact on the effectiveness of all of the codecs. The least 

successful compression was carried out on the rock/metal genre which resulted in file sizes of 

75.3, 76.8 and 76.3 percent of the original for WMA Lossless, Apple Lossless and FLAC 

respectively. This is in contrast to 37.7, 39.2 and 38.1 percent for the classical genre. So for 

similarly sized albums, music from the classical genre would on average encode to less than 

half of the size of music from the rock metal/genre. This disparity is related to the difference 

in dynamics between these two genres: classical music has a large variation in dynamics, 

often featuring long sections of content with minimal amplitude and intensity. This leaves a 

lot of ‘whitespace’ throughout the frequency ranges; in digital terms this means many zeros, 

which are easily compressed via data compression algorithms. Music such as pop and rock 
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has often had audio level compression applied during mixing and mastering, to make use of 

all available amplitude, which has the effect of reducing the dynamic range dramatically. This 

audio level compression causes the efficiency of the data compression algorithms to be 

considerably reduced, due to the fact that a large amount of audio data is encoded into each 

frame. 

When file size between codecs is compared against the encoding time, the results of the codec 

with the highest compression, WMA Lossless, appear less favourable. The total encoding 

time for all of the albums using that codec was 12 minutes and 13 seconds, compared to the 

relatively similar times of 4 minutes 56 seconds for Apple Lossless and 5 minutes 2 seconds 

for FLAC. While the encoding duration of WMA Lossless is more than double the other two, 

the final file size difference is nowhere near that factor, as lossless encoding produces 

diminishing returns as the encoding time is increased. With the WMA Lossless and Apple 

Lossless codecs, the developers have chosen a time-compression ratio which they think will 

be best suited to the needs of the average user. This ratio appears to be quite different in each 

case, with WMA producing smaller files, yet Apple Lossless encoding much more quickly. 

This accounts for most of the difference between them; technically they may be very similar 

in encoding ability. FLAC has the ability to encode at lower or higher compression levels 

than the default level of 5 (they range from 0 to 8 respectively). Encoding at levels higher 

than 5 does not produce a marked decrease in file size, yet the encoding time increases 

substantially. So file sizes similar to those of WMA Lossless may be possible, but at the 

expense of encoding time. Consequently, on analysis of these results, it appears that there is 

little difference between the compression capabilities of these three lossless codecs; the type 

of audio content has a much larger effect on the compressed file size. I believe that the tests 

were carried out fairly and the results are objective and can be viably used as a judge of each 

codec’s characteristics. 
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3.2 – Lossy Codecs – Subjective Listening Tests 

3.2.1 – Lossy Codec Results Tables and Graphs 

The subjective listening tests were carried out by six Music Technology students, who 

completed purposely designed forms, the results of which were correlated and tabulated. 

Results form: 

 

The completed results forms are included as appendix A1. 

To better quantify the results, the Good, Average and Poor grades were allocated scores of 2, 

1 and 0 respectively. The overall grades from Best to Worst were given scores from 4 to 1. 

This information is shown in the following tables. 
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Tabulated Results (green indicates best score for each criterion): 

Listener 1  Listener 2 

Bass A (MP3) B (WMA) C (AAC) D (Vorbis)  Bass A (MP3) B (WMA) C (AAC) D (Vorbis) 

Rock / Pop 0 1 1 2  Rock / Pop 1 2 2 2 

Classical 1 1 1 1  Classical 0 2 2 1 

Jazz 1 0 0 2  Jazz 1 1 2 2 

Speech 0 1 1 1  Speech 2 1 0 2 

Total 2 3 3 6  Total 4 6 6 7 

                     

Treble A (MP3) B (WMA) C (AAC) D (Vorbis)  Treble A (MP3) B (WMA) C (AAC) D (Vorbis) 

Rock / Pop 1 1 1 2  Rock / Pop 1 1 1 1 

Classical 0 2 2 1  Classical 1 2 1 0 

Jazz 1 1 1 2  Jazz 1 1 1 2 

Speech 0 1 1 2  Speech 1 1 1 1 

Total 2 5 5 7  Total 4 5 4 4 

                     

Clarity A (MP3) B (WMA) C (AAC) D (Vorbis)  Clarity A (MP3) B (WMA) C (AAC) D (Vorbis) 

Rock / Pop 1 1 1 1  Rock / Pop 0 1 2 2 

Classical 1 1 1 1  Classical 1 1 2 1 

Jazz 1 1 1 2  Jazz 1 2 2 2 

Speech 1 2 1 2  Speech 1 1 1 2 

Total 4 5 4 6  Total 3 5 7 7 

                     

Spaciousness A (MP3) B (WMA) C (AAC) D (Vorbis)  Spaciousness A (MP3) B (WMA) C (AAC) D (Vorbis) 

Rock / Pop 0 1 1 2  Rock / Pop 1 2 2 2 

Classical 0 1 2 1  Classical 1 2 2 1 

Jazz 0 1 1 2  Jazz 1 1 1 2 

Speech 0 1 1 2  Speech 2 1 1 2 

Total 0 4 5 7  Total 5 6 6 7 

                     

Overall Grade A (MP3) B (WMA) C (AAC) D (Vorbis)  Overall Grade A (MP3) B (WMA) C (AAC) D (Vorbis) 

Rock / Pop 1 3 2 4  Rock / Pop 2 1 3 4 

Classical 1 3 4 2  Classical 2 3 4 1 

Jazz 1 2 3 4  Jazz 1 2 3 4 

Speech 1 3 2 4  Speech 3 2 1 4 

Total 4 11 11 14  Total 8 8 11 13 
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Listener 3  Listener 4 

Bass A (MP3) B (WMA) C (AAC) D (Vorbis)  Bass A (MP3) B (WMA) C (AAC) D (Vorbis) 

Rock / Pop 1 2 1 2  Rock / Pop 1 1 2 2 

Classical 1 0 1 2  Classical 1 1 1 2 

Jazz 0 2 1 1  Jazz 1 1 1 2 

Speech 2 2 2 2  Speech 2 1 2 2 

Total 4 6 5 7  Total 5 4 6 8 

                     

Treble A (MP3) B (WMA) C (AAC) D (Vorbis)  Treble A (MP3) B (WMA) C (AAC) D (Vorbis) 

Rock / Pop 0 0 2 1  Rock / Pop 1 1 1 2 

Classical 1 2 2 1  Classical 1 1 2 2 

Jazz 1 1 2 2  Jazz 1 1 1 2 

Speech 0 2 1 2  Speech 1 1 1 2 

Total 2 5 7 6  Total 4 4 5 8 

                     

Clarity A (MP3) B (WMA) C (AAC) D (Vorbis)  Clarity A (MP3) B (WMA) C (AAC) D (Vorbis) 

Rock / Pop 0 1 1 2  Rock / Pop 0 0 1 2 

Classical 0 1 1 0  Classical 1 2 1 2 

Jazz 0 1 1 2  Jazz 0 1 1 2 

Speech 0 2 1 2  Speech 1 2 1 2 

Total 0 5 4 6  Total 2 5 4 8 

                     

Spaciousness A (MP3) B (WMA) C (AAC) D (Vorbis)  Spaciousness A (MP3) B (WMA) C (AAC) D (Vorbis) 

Rock / Pop 0 1 0 2  Rock / Pop 1 1 1 1 

Classical 0 1 2 1  Classical 1 2 1 2 

Jazz 0 1 1 2  Jazz 1 2 2 2 

Speech 0 1 1 1  Speech 1 2 1 2 

Total 0 4 4 6  Total 4 7 5 7 

                     

Overall Grade A (MP3) B (WMA) C (AAC) D (Vorbis)  Overall Grade A (MP3) B (WMA) C (AAC) D (Vorbis) 

Rock / Pop 1 2 3 4  Rock / Pop 1 2 3 4 

Classical 1 2 4 3  Classical 1 3 2 4 

Jazz 1 3 2 4  Jazz 1 2 3 4 

Speech 1 3 2 4  Speech 1 3 2 4 

Total 4 10 11 15  Total 4 10 10 16 
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Listener 5  Listener 6 

Bass A (MP3) B (WMA) C (AAC) D (Vorbis)  Bass A (MP3) B (WMA) C (AAC) D (Vorbis) 

Rock / Pop 1 1 0 2  Rock / Pop 2 1 0 2 

Classical 1 1 1 1  Classical 1 0 1 1 

Jazz 1 1 1 1  Jazz 1 2 1 2 

Speech 0 1 1 1  Speech 2 2 1 0 

Total 3 4 3 5  Total 6 5 3 5 

                     

Treble A (MP3) B (WMA) C (AAC) D (Vorbis)  Treble A (MP3) B (WMA) C (AAC) D (Vorbis) 

Rock / Pop 0 1 2 1  Rock / Pop 0 0 2 2 

Classical 0 1 1 0  Classical 1 2 1 2 

Jazz 0 1 0 1  Jazz 0 2 1 2 

Speech 0 1 0 1  Speech 2 0 0 0 

Total 0 4 3 3  Total 3 4 4 6 

                     

Clarity A (MP3) B (WMA) C (AAC) D (Vorbis)  Clarity A (MP3) B (WMA) C (AAC) D (Vorbis) 

Rock / Pop 0 1 1 2  Rock / Pop 0 1 1 2 

Classical 0 2 1 1  Classical 0 1 1 1 

Jazz 0 1 1 2  Jazz 0 0 0 2 

Speech 1 2 1 2  Speech 1 0 0 0 

Total 1 6 4 7  Total 1 2 2 5 

                     

Spaciousness A (MP3) B (WMA) C (AAC) D (Vorbis)  Spaciousness A (MP3) B (WMA) C (AAC) D (Vorbis) 

Rock / Pop 1 1 1 2  Rock / Pop 0 0 1 2 

Classical 0 1 1 1  Classical 0 1 0 0 

Jazz 0 1 1 2  Jazz 0 1 0 2 

Speech 1 1 1 2  Speech 1 0 0 0 

Total 2 4 4 7  Total 1 2 1 4 

                     

Overall Grade A (MP3) B (WMA) C (AAC) D (Vorbis)  Overall Grade A (MP3) B (WMA) C (AAC) D (Vorbis) 

Rock / Pop 1 2 3 4  Rock / Pop 2 1 3 4 

Classical 1 4 3 2  Classical 3 4 1 2 

Jazz 1 3 2 4  Jazz 2 1 3 4 

Speech 1 3 2 4  Speech 4 3 2 1 

Total 4 12 10 14  Total 11 9 9 11 
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Total scores of all listeners 

Bass A (MP3) B (WMA) C (AAC) D (Vorbis) 

Rock / Pop 6 8 6 12 

Classical 5 5 7 8 

Jazz 5 7 6 10 

Speech 8 8 7 8 

Total 24 28 26 38 

          

Treble A (MP3) B (WMA) C (AAC) D (Vorbis) 

Rock / Pop 3 4 9 9 

Classical 4 10 9 6 

Jazz 4 7 6 11 

Speech 4 6 4 8 

Total 15 27 28 34 

          

Clarity A (MP3) B (WMA) C (AAC) D (Vorbis) 

Rock / Pop 1 3 7 9 

Classical 3 5 8 6 

Jazz 2 5 6 9 

Speech 3 9 6 9 

Total 9 22 27 33 

          

Spaciousness A (MP3) B (WMA) C (AAC) D (Vorbis) 

Rock / Pop 3 6 6 11 

Classical 2 8 8 6 

Jazz 2 7 6 12 

Speech 5 6 5 9 

Total 12 27 25 38 

          

Overall Grade A (MP3) B (WMA) C (AAC) D (Vorbis) 

Rock / Pop 8 11 17 24 

Classical 9 19 18 14 

Jazz 7 13 16 24 

Speech 11 17 11 21 

Total 35 60 62 83 

 

 

The preceding tables contain all the information entered into the results forms by each listener 

and the final table combines these to give the overall score for each codec in each criterion for 

all of the genres. 
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The following graphs show a breakdown of the individual scores for each codec in each 

section: 
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3.2.2 – Evaluation of Lossy Codec Results 

Bass: On analysis of the table of totals, in the Bass section Vorbis scored 38, the highest 

overall by a large margin and also was the highest in every genre in that group, albeit joint 

highest with WMA and MP3 for the speech content. WMA scored second highest overall 

(28), followed by AAC (26) and MP3 (24); these three fared similarly overall, performing 

best in the speech test. The close results for the speech file may be due to its lack of 

complexity in relation to a piece of music, therefore the weaknesses of the codecs were not 

highlighted as prominently. 

Treble: In the Treble section, Vorbis scored the most highly again (34), followed by AAC 

(28) and WMA (27) which scored similarly, and MP3 (15) which had less than half of the 

points of Vorbis. AAC and Vorbis shared the best rock/pop score and Vorbis won the jazz 

and speech sections by some margin. WMA scored most highly in the classical section, 

closely followed by AAC. 
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Clarity: Vorbis also came out on top of the Clarity section overall with 33 points, again by a 

relatively large amount over AAC with 27, WMA with 22 and MP3 performing very poorly 

with only 9 points. The rock/pop and jazz sections reflected the overall scores with Vorbis 

first and MP3 last. Vorbis and WMA tied for the best score with the speech audio, some way 

ahead of AAC and MP3. However, with the classical music, Vorbis trailed behind again, this 

time beaten by AAC; WMA and MP3 were third and fourth. 

Spaciousness: Again, Vorbis won overall for Spaciousness with a score of 38 compared to 

WMA with 27, AAC with 25 and MP3 on a low score of 12. Rock/pop and jazz appeared 

similar to the overall score, as did speech except that MP3 tied with AAC for last position. 

With the classical music, WMA and AAC scored joint highest with Vorbis failing to reach a 

high score and MP3 coming last by a large amount. 

Overall grade: After commenting on the specific qualities of each codec for the different 

audio content, those performing the listening tests were asked to grade the codecs in order of 

general preference, best to worst. In the rock/pop genre, Vorbis scored the most by a large 

amount (24), followed by AAC with 17 and WMA and MP3 scoring a low 11 and 8 

respectively. With the classical music, WMA scored most highly at 19, just ahead of AAC at 

18; Vorbis showed its weakness in the classical genre again with a score of 14 and MP3 

trailed a long way behind with 9. The jazz genre gave Vorbis 24, AAC 16, WMA 13 and MP3 

7 points, fairly representative of the scores in the subsections for jazz. Vorbis scored the most 

for the speech excerpt with 21, compared to WMA’s 17 and AAC and MP3 scoring 11. 

Vorbis won the overall grading test by a large margin – 83 points compared to the 62 of AAC, 

60 of WMA and low 35 of MP3 – despite its unexceptional performance in the classical 

genre. 

In conclusion, Vorbis is the clear leader in all overall sections, scoring the highest in most 

cases, although in the case of classical music WMA and AAC perhaps provide a more 

accurate reproduction in general. On the whole, WMA and AAC perform fairly equally in 
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their compression quality, with AAC just nudging ahead overall. MP3 performs the worst in 

almost all tests and consequently has the lowest overall score, much lower than the other three 

codecs. 

Overall rating: 

1st 2nd 3rd 4th 

Vorbis AAC WMA MP3 

 

The fact that MP3 performs the worst in the majority of the tests is predictable, due to its age; 

the standard was finalized in 1993 (Thomson 2005), whereas the other three codecs are much 

more recent developments. WMA version 1 was initially released in 1999 and the encoders 

have been steadily improved since then, reaching version 9.2 as of 2007. AAC was officially 

standardized in 1997 and has been modified since. Vorbis was finalized in 2002, so is the 

most recently developed and therefore one may expect it to be the most advanced; this is 

borne out by its largely superior performance against the other codecs in the tests. 

As this was a subjective listening test, it is merely based on the opinions of those who took 

part. However none of them knew which codecs they were testing or what order they were in. 

As the results are generally similar for each tester, I believe that they are valid and can be 

used as an accurate judge of audio quality. Moreover, the quality of a piece of audio or music 

can only ever be subjective to a certain degree; it is opinion rather than hard fact. 
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3.3 – Frequency Spectrum Analysis 

3.3.1 – Codec Comparison Frequency Spectra 

Five audio files, one uncompressed, four compressed using different codecs, of the same 

excerpt of music were opened in Sound Forge and their frequency spectra were viewed. These 

are shown below. 

Uncompressed (wave): 

 

This sonogram shows that the frequency usage for the wave file was quite consistent 

throughout the spectrum with a band of higher amplitude in the 0 to 4 kHz range and a 

gradual amplitude decrease higher in the frequency spectrum. At approximately 20 kHz, the 

amplitude decrease becomes slightly more distinct, continuing until the maximum frequency 

of 22 050 Hz. 
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MP3: 

 

The MP3 spectrum exhibits the same band of high amplitude between 0 and 4 kHz, 

consistently reducing until approximately 16 kHz, where the output drops dramatically. 

Above this frequency there is little usage, apart from occasional spikes in certain parts of the 

music. 

WMA: 

 

WMA shows the same high amplitude frequencies below 4 kHz, very slowly trailing off until 
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about 16 kHz where, like MP3, the amplitude output plummets. Above this frequency the 

usage is very low, albeit in a more consistent fashion than MP3’s higher frequencies. 

AAC: 

 

Again, AAC accurately represents the boosted range below 4 kHz, followed by a range of 

moderate amplitude until approximately 17.5 kHz, where the frequency usage diminishes. 

This reduction occurs at a higher frequency and less abruptly than with MP3 and WMA. 

There is minimal output above this frequency, with slight variations throughout the file. 
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Vorbis: 

 

Vorbis reproduces similar high amplitude frequencies below 4 kHz; above this there is a 

consistent reduction until approximately 19 kHz, where frequency usage drops significantly 

to a fairly consistent low output. 

 

Throughout the lower frequencies, up to the 16 kHz range, all of the codecs are quite 

consistent with the original file. There is a larger frequency usage from 0 to 4 kHz than 

overall and above this the amplitude diminishes very gradually. The codecs differ 

considerably once 16 kHz is reached. Above that frequency, the wave file is still outputting at 

high amplitude. However, the MP3 and WMA files decrease abruptly at around 16 kHz and 

only output minimally above that frequency. AAC has a similar, although less abrupt 

transition at the higher frequency of 17.5 kHz, whereas Vorbis continues outputting 

consistently until around 19 kHz, where it drops off too. 

These results are consistent with the results from the listening tests in section 3.2, where 

Vorbis excels in most areas, followed overall by AAC, then WMA and MP3. The higher 

frequencies being output by the Vorbis file partially account for the higher scores achieved 

and are particularly relevant to the Treble scoring section, where outputting higher 
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frequencies than the other codecs should give a significant advantage. AAC, which came 

second overall, outputs the second highest frequency range, again consistent with its second 

place overall. WMA outputs a similar range of frequencies to MP3, yet was able to achieve a 

good score overall and in the treble section of the listening tests, which may be explained by 

psychoacoustic factors not quantifiable via frequency spectra. The MP3 codec’s inability to 

reproduce higher frequencies correlates with its poor results in the listening tests and 

consistently low score in the treble section. 

Frequency spectrum analysis can give a more detailed view of how the audio is affected by 

compression, but it does not directly relate to how humans perceive sound, therefore is 

somewhat limited in determining which codecs perform well. This is why a combination of 

listening tests and frequency spectrum analysis was chosen; it allows results to be collected 

from a number of perspectives. 
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3.3.2 – Compression Distortion Frequency Analysis 

This test involved combining an uncompressed audio file with a phase reversed 128 

kilobits/second MP3 version of the same piece of audio and performing frequency analysis on 

the resulting compression distortion to determine its properties. 

Uncompressed (wave): 

 

MP3: 
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Compression distortion: 

 

The uncompressed audio shows a consistent gradual amplitude decrease throughout the 

frequency spectrum from 0 to 22 050 Hz, while the compressed file is similar but output 

abruptly decreases above 16 kHz. The spectrum analysis of the difference between the two 

files portrays the same gradual decrease in amplitude as the frequency increases and the full 

spectrum is used, unlike in the MP3 file. The compression distortion appears to be very 

similar in frequency content to the uncompressed file, except that the whole spectrum is of a 

lower intensity, meaning that there is almost no output near to the sample rate limit of 

22 050 Hz. Perhaps this similarity is indicative of the amount of changes that the codec makes 

to each part of the frequency spectrum in relation to how much audio data already exists 

there; more changes are made to parts where this is more information stored. This relationship 

between the uncompressed file and compression distortion can be noted when listening to the 

resultant distortion file, which sounds as if a whitening filter has been applied to it. The 

general sound and structure of the track is evident, but it is very unclear, lacking definition. 
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