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Abstract 
The audio quality in music has proved to be important by a broad audience. Studies show that 
67,1 % of young listeners (Olive, 2011) and 72 % of experienced listeners (Pras et al, 2009) 
can distinguish lossy coded audio from lossless coded audio. Ogg Vorbis and AAC are two 
common lossy codecs in music streaming services. Factors that impact the perceived audio 
quality are genre, bit rate, codec and instrument. An ABX test was performed with 20 trained 
listeners. The excerpts that were tested were three popular songs from 2015 and 2016 coded 
in AAC and Ogg Vorbis 96 kbit/s, 128 kbit/s and 192 kbit/s. The results showed that the 
subjects only could hear a difference between uncoded and lossy coded audio for one excerpt 
coded in AAC 96 kbit/s. This result does not exactly match those of earlier studies where 
subjects could hear the difference at higher bit rates, but there are still some similarities. This 
study is too small to come to any conclusions and more research has to be done on these 
codecs. The music streaming services that use these codecs already use higher bit rates than 
these that were tested so the quality is already good enough.  
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1. Introduction 
The way we listen and consume music has 
changed over the last ten years. The 
compact disc (CD) introduced 44.1/16 to a 
consumer market. The accessibility of 
applications on the internet that allow the 
consumer to buy digital music instead of 
physical CDs leads to many people using 
the internet to download and stream music. 
Ten years ago limited bandwidth was a 
problem and audio files with the resolution 
of 44.1 kHz in sample rate and 16 bits led 
to slow streaming and downloading. To 
make music more accessible the music was 
often compressed by an audio codec to 
reduce the file size. In order to reduce the 
file size, bits were thrown away. That kind 
of bit reduction can lead to audible 
artifacts. Bit reduction in music is still 
widely used on the Internet in music 
streaming services, audio in web TV and 
DAB-radio. The lossy compression of the 
audio can lead to artifacts and quality 
degradation depending on the compression 
ratio. The higher the compression ratio is, 
the more compressed the audio becomes 
and the more the quality degrades. At the 
expense of the worse audio quality, this 
leads to smaller audio files and faster 
transmission. 
 
Olive (2001) summarized three earlier 
studies that “provide some evidence that 
listeners generally prefer CD-quality to 
MP3 formats, particularly at lower bit rates 
(< 92-128 kbit/s) where the MP3 artifacts 
become audible”. Olive’s “study was 
partially motivated by the current popular 
myth – reported widely in the media - that 
young consumers are either indifferent to 
the quality of reproduced sound, or they 

actually prefer bad sound to good sound”. 
With good sound he meant CD quality and 
with bad he meant lossy compressed audio. 
The test result showed that people less than 
20 years old prefer CD-quality to MP3-
quality. Similar results have been 
discovered in a similar test with 
experienced listeners. (Olive, 2011). 
 
In Olive’s (2011) test 67,1 % 
inexperienced teenagers and 72 % in Pras 
et al’s (2009) test with experienced 
listeners preferred high quality. Therefore 
it is important to maintain the quality and 
ensure that the lossy compressed audio 
contains as few audible artifacts that is 
possible to resemble the CD-quality and 
contain a preferred quality even after the 
compression of the audio.  
 
Two common codecs that is used for music 
streaming and music downloading are Ogg 
Vorbis and AAC. Ogg Vorbis is used in 
Spotify, which is a music streaming 
service with 20 million paying users 
(Karlsson, 2015). AAC is used in iTunes 
and Apple Music that provides music 
downloading and streaming for nearly 800 
million accounts (Arora, 2015).  

1.1 Background 

1.1.1 AAC 
AAC is a proprietary codec, which means 
that the creators are obligated to guarantee 
a predictable result (Pan, 1995). This 
means that the players that intend to have 
the compatibility to play AAC need to pay 
for a license and conform to specifications 
that achieve the intended result. The AAC-
codec is the result of further development 
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of the MPEG-1 layer III (also known as 
MP3) coding from which it uses many 
features. The problem with MPEG-1 layer 
III is that it is designed to be backward 
compatible. That results in some 
compromises that could be improved in a 
new codec, like the way bands are divided. 
To be backward compatible with MPEG-1 
layer II and MPEG-1 layer I the audio 
must be divided into 32 spectrally equally 
wide bands on a linear frequency scale. 
These bands are then divided in 6 or 18 
sub bands depending on the amount of 
transients in each band. In case if many 
short transients, more sub bands are needed 
to hide the bit reduction artifacts (Sayood, 
2005).  
 
Salomon and Motta (2010) describe the bit 
reduction procedure in the following way: 
the audio samples are grouped into 32 sub 
bands by polyphase filters. The audio is 
transformed from the time domain to the 
frequency domain by using the modified 
discrete cosine transform (MDCT). The 
SPL level of the audio for each sub band is 
calculated. Each band is processed 
separately to optimize the quality of the 
lossy compression. A combination of two 
psychoacoustic models and the number of 
available bits determines how much noise 
there will be in each band. The algorithm 
determines which psychoacoustic model 
that is used for each frame. MPEG-1 Layer 
III uses mostly model 2 that is more 
compilation demanding (Salomon & 
Motta, 2010). Pan (1995) presents the two 
psychoacoustic models that is used in the 
MPEG layer III and AAC codecs as: 
 

• Model 1 identifies and separates 
the nontonal and the tonal 

components of the audio so they 
could be treated differently.  

• Model 2 is more complex than 
model 1. It locates the tonal and the 
nontonal components in the audio. 
To locate these sounds the model 
uses data from the two previous 
windows to predict the next. The 
predictability probably makes the 
second model better for 
discriminating the tonal and 
nontonal audio. 

 
The models take advantage of the human 
ear’s disability to hear sounds before and 
after a transient. Transients have the ability 
to mask a sound before and after the attack. 
The masking is longer after a transient than 
before it. Bands that are inaudible for the 
human ear (that are below the audible SPL-
level) are removed. The removal of bits in 
bands result in noise that is ideally masked 
from being below the audible SPL-level. 
The noise can also be masked spectrally by 
a tone. If a tone is played, the threshold of 
audibility will increase for frequencies 
around this tone and if another tone is 
played at lower amplitude, spectrally near 
the first tone, the second tone will be 
masked. (Salomon & Motta, 2010) 
 
The noise in the perceptual coding is 
mainly quantization noise that arises when 
the audible bands are quantized. This noise 
can be shaped with different noise shaping 
techniques in the AAC-codec to have less 
audible impact on the audio signal. 
Temporal noise shaping (TNS) shapes the 
noise around transients so the masking 
effect will cover the noise. This technique 
improves the quality especially on voice 
signals (Salomon & Motta, 2010). The 
Perceptual noise substitution (PNS) 
improves the bit reduction by localizing 
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the level of the noise and replaces it with a 
gain value so the noise can be added in the 
decoding. That can result in a lower bit rate 
with the same quality (Painter & Spanias, 
2000).  

1.1.2 Ogg Vorbis 
The Vorbis-codec is an open-source codec 
and doesn’t charge users with any license 
fees, which means everyone can access the 
code, modify it and use it for free. Yet, the 
codec has some things in common with the 
MPEG-codecs. In the same way AAC uses 
sub bands and MDCT to divide the audio 
signal in time frames and frequency bands, 
Ogg Vorbis also uses these techniques. A 
psychoacoustic model is also used but 
extended with a discrete Fourier transform 
(DFT) and generates the masking 
thresholds (Purat & Ritter, 2009).  
 
Vorbis is intended to keep a good quality 
at a high bit rate as well as low. It also 
works well in telephony where the sample 
rates can be as low as 8 kHz. Different 
from the MPEG-codecs (except AAC that 
can include 48 channels) the Vorbis codec 
can include more than just a stereo 
channel. It can contain up to 255 discrete 
channels. This makes the codec suitable for 
5.1 audio signals. It is stated that “vorbis 
decode is computationally simpler than 
MP3, although it does require more 
working memory as Vorbis has no static 
probability model” (Xiph.org Foundation, 
2015). 
 
The input audio is divided into frames and 
then with MDCT divided into sub bands, 
which are then packed into unformatted, 
raw packets. Each package is compressed 
before it is packed in the Vorbis stream 
(Xiph.org Foundation, 2015). Vorbis uses 

variable bit rate (VBR). Montnémery and 
Sandvall (2004) say that VBR can be used 
to allow the bits to vary over time at a 
“fixed” bit rate. Each frame does not need 
to contain the same amount of bits. With 
VBR the frames contain the amount of bits 
that is needed to avoid audible artifacts in 
the best way that is possible with the 
available amount of bits. This technique is 
also used by AAC. The perceptual quality 
cannot be guaranteed with this method if 
there are a lot of transients over a short 
time that requires a lot of bits. This can 
lead to many bits being spent on one 
frame, maybe leaving too few bits for 
another frame, which may lead to audible 
artifacts. Another possible scenario is that 
the number of bits is enough for the audio 
file and some frames that require more bits 
than others get these and the perceived 
quality of the audio file increases. 
 
For example Montnémery and Sandvall 
(2004) have proposed a different model for 
psychoacoustic masking. Instead of 
assuming that the volume is fixed during a 
whole song, as other codecs do, Ogg 
Vorbis allows the volume to be adjusted. 
During softer parts of a song the codec 
raises the volume, like a listener would 
have done to listen at an equal volume 
during a whole song, to reveal more 
artifacts. By doing so the artifacts that 
would have been revealed by raising the 
volume, and thereby raising the noise floor 
during softer parts, can now be concealed 
because the psychoacoustic models will 
notice them. (Montnémery & Sandvall, 
2004) 
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1.2 Previous research 

1.2.1	Comparison	of	Vorbis	and	other	
codecs	in	terms	of	quality	
Rogowska (2015) performed a study of 
how discrimination of lossy coding 
changes in different bit rates. She also 
investigated the perceived quality of how 
lossy coding affected the quality of 
different instruments with different codecs. 
The codecs that were tested were MP3-
LAME, Opus and Ogg Vorbis. The 
instruments that were tested were viola, 
oboe, saxophone, trumpet, horn, harp and 
grand piano. The audio files were taken 
from sound quality assessment material 
(SQUAM) (EBU-TECH 3253 , 2008) 
database. In a listening test, listeners 
answered if they could discriminate the 
coded audio from an uncompressed audio. 
The results from the test showed that 
different instruments when encoded using 
different codecs resulted in files that were 
different in terms of how hard they were to 
distinguish from the uncompressed sound. 
For MP3-LAME viola and saxophone 
were easy to distinguish at the lowest 
tested bit rate, 32 kbit/s. Horn was hard to 
distinguish even at the lowest bit rate. 
Almost all results showed that the 
discrimination became harder the higher 
bit rate that was tested. All instruments 
except viola and saxophone could not be 
discriminated at 128 kbit/s.  
 
The result also showed that the ability to 
discriminate a lossy compressed 
instrument from an uncompressed signal 
varied between different codecs. The 
saxophone compressed with Vorbis at 48 
kbit/s was hard to distinguish while the 
same instrument with the same bit rate 

coded with MP3-LAME showed 97 % 
discrimination.  
 
The conclusion Rogowska could draw 
from the experiment was that this 
confirmed, “that the ability to discriminate 
the effects of sound compression decreases 
with the reduction of the compression 
ratio” (Rogowska, 2015). Ogg Vorbis 
became indistinguishable from the bit rate 
80 kbit/s, the same bit rate as MP3-LAME 
became indistinguishable. All though 
Rogowska’s conclusion was that the MP3-
LAME was more distinguishable overall 
than Ogg Vorbis and Opus in the listening 
tests.  

1.2.2	Comparison	of	Vorbis,	AAC	and	
other	codecs	in	terms	of	quality	
Pocta and Beerends  (2015) performed a 
listening test where they tested six 
different codecs in the highest and the 
lowest most common bit rate for each 
codec. The listeners rated each codec and 
each bit rate from 1 that represented “very 
annoying” to 5 that represented 
“imperceptible”. Among the codecs that 
were tested, Ogg Vorbis and AAC-LC 
were found. The bit rates that were tested 
for Ogg Vorbis were 64 kbit/s and 320 
kbit/s. The bit rates that were tested for 
AAC-LC were 32 kbit/s and 320 kbit/s.  
 
The results were plotted on an SDG-scale 
(subjective difference grade). It’s a scale 
that goes from 0 to -4 “namely ‘perceptible 
but not annoying’ (ranging from −0.1 to 
−1), ‘slightly annoying’ (ranging from −1 
to −2), ‘annoying’ (ranging from −2 to −3) 
and ‘very annoying’ (ranging from −3 to 
−4)” (Pocta & Beerends, 2015). All the 
codecs’ highest most common bit rates 
were ranked as “perceptible but not 
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annoying” and “a quality difference 
between them is negligible in this case”. 
(Pocta & Beerends, 2015) 
 
The tested codec included four generations 
of the MPEG-codecs. An improvement for 
each generation could be seen for each 
MPEG-codec. AAC-LC performed similar 
as MP2 at half of the bit rate at the lowest 
bit rate, so the improvement is really clear 
in this case. The codec that performed best 
in the test for the lowest bit rate was Ogg 
Vorbis (64 kbit/s) that ranked “slightly 
annoying”. 
 
Objective listening tests were also 
performed with two audio quality 
prediction models that measure sound 
quality. The objective tests showed 
variable results. The method that was 
tested was PEAQ (basic and advanced 
version) and POLQA Music (version 1 and 
version 2). All different models gave 
different results. Ogg Vorbis performed 
best in all four tests in the lowest bit rate 
with between -1 and -2 ODG (objective 
difference grade) (slightly annoying) on 
every test while AAC-LC got between -1 
and -2 ODG at one of the tests and 
between -2 and -3 ODG (annoying) at the 
other tests. The objective results were then 
compared to the subjective listening test 
result. The objective testing model that 
matched the listening test results best were 
POLQA music V2, especially in the lower 
bit rates were it is most critical.  
 
Pocta and Beerend’s conclusions were that 
the lowest most common bit rate in the 
investigated compressed audio codecs 
“have a serious impact of the perceived 
audio quality” and degrade the sound 
(Pocta & Beerends, 2015). Another 

conclusion is that the higher bit rates have 
a very small impact on the sound and all 
tested codecs perform very well in the 
tests.    

1.2.3	Different	sound	qualities	in	
different	genres	
Pras et al (2009) performed a listening test 
that aimed to investigate if lossy 
compression impacted different genres 
differently. Five different genres (pop, 
metal rock, contemporary, orchestra and 
opera) were encoded to MP3 in 96, 128, 
192, 256 and 320 kbit/s.  The listeners 
compared the uncompressed CD-quality 
(44,1 kHz and 16 bits) with the MP3-coded 
files and then chose which one they 
preferred. The test results for pop and 
metal rock where similar to each other so 
they are presented as “electric clips”. The 
same with contemporary, orchestra and 
opera and they are presented as “acoustic 
clips”. The test participants were sound 
engineering professionals, sound 
engineering students, researcher and 
musicians. The sound engineering 
professionals, researcher and the sound 
engineering students answered similarity 
so they are represented, as “sound 
engineers” while the musicians are their 
own group. Generally the sound engineers 
preferred the CD-quality more than the 
musicians did over the lossy compressed 
MP3-files. The sound engineers could 
discriminate all tested bit rates except the 
two highest (256 and 320 kbit/s). After the 
listening test the participants got to answer 
some questions about the test. One of the 
questions was what they perceived as 
different between the lossy compressed 
music and the uncompressed music. Most 
of the participants thought that the high 
frequencies differed between the two test 
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signals. Other differences that were noticed 
by the participants were general distortion, 
reverberation and transient artifacts. (Pras 
et al, 2009) 
 
The authors attributed that both sound 
engineers and musicians preferred high 
quality of the electric clips more than they 
preferred high quality in the acoustic clips. 
The ability to discriminate depends on 
earlier listening experiences. Pras et al  
(2009) suggest that one reason why sound 
engineers prefer higher quality more than 
musicians do is that sound engineers are 
trained to listen for artifacts while 
musicians more care about the sound 
fidelity.  
 
Among engineers it is informally known 
that MP3 requires more headroom than 
uncompressed audio. This can be an 
explanation why the test participants had 
easier to distinguish the electric lossy 
compressed clips from the uncompressed 
ones. “Thus, the different results across 
musical genres could be explained by the 
use of dynamic compression, often more 
prevalent in electric music than in acoustic 
music” (Pras et al, 2009). The authors 
suggest that this should be taken into 
consideration in the mastering process.  

1.2.4	Conclusions	from	earlier	research	
AAC and Ogg Vorbis have a lot of 
technical similarities. The foundation and 
the way the codecs treats the audio signal 
are very similar and what differs the two is 
much more detailed information. 
 
In Pocta and Beerends (2015) listening test 
AAC at 32 kbit/s and Ogg Vorbis in 64 
kbit/s were compared. These bit rates are 
very low and it can seem like an unfair 

comparison that the bit rate of AAC is 
lower than the bit rate of Ogg Vorbis. Ogg 
Vorbis performed best of the codecs in the 
listening test while AAC performed second 
worst in terms of perceived audio quality. 
Ogg Vorbis was also compared with MP3-
LAME and Opus by Rogowska 
(Rogowska, 2015). The test result showed 
that different codecs could have different 
impacts on different instruments. The 
perceived audio quality does not only 
depend on the codec but also what is 
coded. Pras et al (2009) tested different 
genres with MP3 and also got the result 
that the codec (in this case MP3-LAME) 
had different impact on different types of 
music.  
 
Pras et al’s (2009) test showed that the 
more use of dynamic compression and lack 
of headroom in an audio signal causes 
more audible artifacts. Also different types 
of instruments are perceived differently 
with the same codec in the same bit rate. It 
is the psychoacoustic models’ task to 
determine in which frame or block of the 
audio signal the bits should be to get as 
few audible artifacts as possible in the 
given bit rate. It is hard to say by these 
tests if it is the psychoacoustic models that 
can be developed to get less audible 
artifacts or if separate instruments or 
separate genres need more bits to avoid 
audible artifacts.  

1.3 Purpose 
This study aims to examine how the audio 
quality is perceived in Ogg Vorbis and 
AAC. The purpose is to investigate if there 
is a perceived audio quality difference 
between an uncompressed signal and a 
lossy compressed signal coded in common 
music streaming bit rates.   
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Is there a perceived audio quality 
difference between an uncompressed audio 
signal and a lossy compressed with Ogg 
Vorbis or AAC and can these results be 

compared to the audio quality of Spotify 
and Apple Music? 
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2. Method 
2.1 Stimuli 
The stimuli were excerpts from popular 
songs that were released in 2015 and 2016 
and are frequently played all over the 
world (table 1). In an earlier study music 
with less headroom such as pop and rock 
music was perceived more sensitive to 
lossy coding than music with great 
dynamic range such as classical music and 
opera (Pras et al, 2009). The excerpts in 
this study were pop songs with minimum 
headroom so the excerpts should be more 
sensitive to bit reduction according to Pras 
et al’s study. The excerpts were between 
15 and 25 seconds long and contained the 
whole chorus or a part of the chorus of 
every song. The excerpts were first 
downloaded as FLAC-files and converted 
into WAVE-files in audacity (Audacity, 
1999-2015). The sample rate of the FLAC 
files was 44.1 kHz and the bit rate was 32 
bits floating-point. The audio files were 
converted in Pro Tools (Avid, 2015) from 
44.1 kHz to 48 kHz in sample rate. The bit 
rates were also reduced from 32 bits 
floating point to 16 bits and a triangular 
dither was added to minimize possible 
quantization errors (Aldrich, 2005). The 
audio files distorted after the adding of the 
dither due to the high original level of the 
files so all files were lowered 1 dBFS 
before the files were rendered. All excerpts 
were then normalized according to the 
EBU R128 ITU-R BS.1770 standard -23 

dBLUFS (EBU, 2014) with waves WLM 
plus Loudness Meter before they were 
encoded. This plug in only works in 48 
kHz because the filters are only set for that 
sample rate. That is why the files were 
converted from 44.1 kHz to 48 kHz. The 
excerpts were encoded to the destination 
codecs and then decoded to WAVE-files to 
be able to be used in a subjective training 
and evaluation program (STEP) (Audio 
Research Labs, 2015).  
 
The peak level of audio files that are lossy 
compressed raises and this is also related to 
the output level where “lower data rates 
generating higher output peak values than 
the higher data rates” (Nielsen & Lund, 
2003).  If the audio level is close to 0 
dBFS before the lossy coding this can lead 
to digital distortion after the lossy coding. 
When the clips were normalised to -23 
dBLUFS enough headroom were created to 
avoid clipping.  
 
The bit rates the excerpts were coded in 
were 96 kbit/s, 128 kbit/s and 192 kbit/s. 
These bit rates were chosen because there 
is earlier research that has tested these bit 
rates at these codecs. 96 kbit/s is the lowest 
quality setting in Spotify. The other bit 
rates were chosen to have even steps 
between the quality settings and to cover a 
big range. 

 
  
  

11



12	 Bachelor	Thesis	
 

 12 

Table 1 
Title Artist Plays on Spotify 
Waiting for love Avicii 273,6 millions 
Adventure of a lifetime Coldplay 138,3 millions 
What do you mean? Justin Bieber 516,5 millions 

	

2.1.1	Ogg	Vorbis	encoding	and	decoding	
The encoding and decoding were made in 
audacity (Audacity, 1999-2015) with 
libVorbis I 20120203 (Omnipresent). 
There were no bit rate choices in the 
encoding, but one parameter called 
"quality setting" could be varied. The 
quality choices were a scale from 0 to 10. 2 
corresponded to 96 kbit/s, 4 correspond to 
128 kbit/s and 6 corresponded to 192 
kbit/s. Each excerpt was encoded with 
three different quality settings: 2, 4 and 6. 
These different bit rates were chosen to 
represent a wide range of bit rates but still 
have a good coverage of the common bit 
rates. To ensure that the quality really 
corresponded to the correct bit rate a check 
of the audio files was made in the OS X 
terminal with a program called ogginfo. 
The program showed version, vendor, 
number of channels, sample rate, nominal 
bit rate, average bit rate, upper bit rate, 
lower bit rate, data length and playback 
length.  
 
When the audio files had been coded into 
the correct bit rates the files where decoded 
in audacity with libVorbis I. The files were 
previewed in a spectrogram (figure 2-8 and 
appendix 1) to have a second insurance 
that the audio files had been changed in 
some way. The spectrograms were made in 
the program spek (GPLv3, 2010-2013). 

2.1.2	AAC	encoding	and	decoding	
The AAC-encoding was made in iTunes 
(Apple inc., 2000-2016) with the apple 

AAC encoder. The settings that could be 
modified in the encorder were stereo bit 
rate, sample rate, number of channels, 
variable bit rate (VBR), high efficient-
coding (HE-coding) and optimize for 
voice. The sample rate was set to 
automatic, which resulted in the 48 kHz 
files being converted in the same bit rate. 
The number of channels was set to stereo 
and VBR was chosen. Neither HE-coding 
nor optimize for voice were chosen. The 
bit rate was set to 96, 128 and 192 kbit/s. 
All three audio files were checked in the 
OS X terminal with the program afinfo that 
showed number of channels, sample rate, 
duration, number of bytes, bit rate, 
maximum package size and number of 
packages. 
 
To enable the files to be played by STEP 
(Audio Research Labs, 2015) the files were 
decoded into WAVE. This was made in 
audacity with the FFmpeg version: 
F(55.33.100),C(55.52.102),U(52.66.100) 
decoder. The files were previewed in a 
spectrogram (Figure 2-8 and appendix 1) 
to have a second insurance that the audio 
files had been changed in some way. 

2.2 Listening environment 
The test was performed in a small room at 
Luleå University of Technology at the 
Department of Arts, Communication and 
Education. The room is usually a song 
booth of 9 square meters so it is partly 
acoustically treated. Some noise from 
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outside the door may have been audible in 
the room but this was at a low level and 
not considered to have any impact on the 
results.  
 
The equipment that was used was a PC 
with a MOTU Ultralite MK3 Hybrid audio 
interface. Headphones were used because 
the listening environment was easier to 
control with headphones. The headphones 
were STAX SR-507. STAX is a hi-fi brand 
that manufactures electrostatic headphones 
with good audio response and wide 
frequency range.  

2.3 Test subjects 
The test subjects were 20 trained listeners; 
all of them first, second and third year 
students at the audio engineering program 
at Luleå University of Technology in Piteå. 
The experience among the listeners of 
listening to lossy coded music could have 
varied and their experience of audio 
engineering varied because some of them 
were on their third year while some were 
on their first year. Some of the first year 
students may have had less training than 
the third year students but they still count 
as trained listeners in this test.  

2.4 Test design and test instructions 
The listening test was performed in STEP 
(Audio Research Labs, 2015) which is a 
program designed to be used in listening 
tests. The test type was ABX, which means 
that subjects had three buttons to choose 
between: A, B and X (Figure 1). The A and 
B button triggered different excerpts while 
X triggered either the same excerpt as A or 
the same excerpt as B. It was always an 
uncoded excerpt on either A or B and then 
there was a lossy coded excerpt on the 
other button. Which of the buttons (A or 
B) that was associated with the lossy coded 
excerpt was randomized, and so was the X 

button, to rule out systematic errors. The 
subjects’ task was to identify which one of 
A or B that triggered the same excerpt as 
X.  
 

 
Figure 1 – STEP ABX-test 

 
Before the test all subjects got an 
explanation how the test worked. They also 
got to try it out with two trial rounds as a 
short training session before the main test 
while the test instructor still was in the 
room. Then they got the opportunity to ask 
any questions, if they were insecure of how 
the test was formed out. When the subject 
said that he or she understood how the test 
was formed out, the instructor left the 
room and the subject got to do the test on 
his or her own. The subjects were allowed 
to change the volume during the tests 
because a fixed level has been experienced 
as annoying by subjects in earlier tests 
(Berg et al, 2013). They were allowed to 
do this because the subjects’ task was to 
identify two similar excerpts at each time 
and not to compare the different codecs. 
The subjects should just compare two 
excerpts at a time and the volume between 
the different rounds should not affect the 
results.  
 
Each test was approximately between 10 to 
20 minutes long and listening fatigue 
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should not have been a problem. Still some 
listeners expressed that they experienced 
some listening fatigue at the end of the 
test.  
 
Unfortunately after the entire test was done 
it was discovered that a reverb had been 

added from the audio interface. There is no 
specification about this reverb; the subjects 
only detected it through the reverb tail 
when they stopped a stimulus. This was all 
the same for all subjects and all stimuli.  

 

 
Figure 2 – Spectrogram of Bieber coded in AAC 96 kbit/s. 
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Figure 3 – Spectrogram of Bieber in AAC 128 kbit/s. 

 
Figure 4 – Spectrogram of Bieber coded in AAC 192 kbit/s. 
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Figure 5 – Spectrogram of Bieber in Ogg Vorbis 96 kbit/s. 

 

 
Figure 6 – Spectrogram of Bieber in Ogg Vorbis 128 kbit/s. 
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Figure 7 – Spectrogram of Bieber in Ogg Vorbis 192 kbit/s. 

 
Figure 8 – Spectrogram of Bieber uncoded. 
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3. Results 
The results were analysed with binomial distribution. The binomial distribution gives a !-
value that indicates the significance of the results. If the !-value is a small number the results 
are significant and if it is a bigger number the !! is not rejected. !! is a null hypothesis that 
indicates that the subjects could not hear any difference between A or B.  
 
A !-value above 0,05 is not significant results. !! can be rejected if the !-value is 0,05 or 
lower.  
 

!!; !! = !! 
!!; !! ≠ !! 

 
To calculate the binomial distribution this equation1 was used: 
 

! ! = !!!!!(1− !)!!!  
 
 
This equation gives the probability of giving one exact answer. What is relevant for this study 
is the exact answer and all the more extreme numbers. The P(x)s are then summarized and 
that is the !-value that is used in this analysis. 
 
 
An analysis was made for each individual stimulus (table 2) and for each bit rate and codec 
(table 3). As two analyses were made a Bonferroni correction was made to correct the !-value 
accepted to consider the results statistically significant. The new !-value after the correction 
was 0,025. This number was calculated by dividing the old !-value with the number of 
analysis made.  

                                                
1 http://statisticslectures.com/topics/binomialdistribution/ 
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3.1 Statistical analysis 
              Table 2 

Ogg Vorbis 96 kbit/s Correct answers (20) !-value 
Avicii 10 0,59 
Coldplay 12 0,25 
Bieber 11 0,41 

 
AAC 96 kbit/s Correct answers (20) !-value 
Avicii 14 0,06 
Coldplay 15 0,02 
Bieber 13 0,13 

 
Ogg Vorbis 128 kbit/s Correct answers (20) !-value 
Avicii 4 1 
Coldplay 11 0,41 
Bieber 10 0,59 

 
AAC 128 kbit/s Correct answers (20) !-value 
Avicii 12 0,25 
Coldplay 11 0,41 
Bieber 10 0,59 

 
Ogg Vorbis 192 kbit/s Correct answers (20) !-value 
Avicii 10 0,59 
Coldplay 11 0,41 
Bieber 10 0,59 

 
AAC 192 kbit/s Correct answers (20) !-value 
Avicii 11 0,41 
Coldplay 11 0,41 
Bieber 8 0,87 
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3.2 Results analysis 
The only result that was statistically 
significant of the individual stimulus was 
Coldplay AAC in 96 kbit/s. None of the 
other excerpts were statistically significant. 
This means that the test subjects only 
could hear the difference between the 
uncoded file and the lossy coded file in one 
of the excerpts. 
 
Almost all other excerpts got 50/50 
answers. Half of the subjects answered 
right and half of the subject answered the 
wrong audio file as X. This indicates that 
the answers were random and that the 
subjects did not hear any difference.   

 
In the test there were one outlier that can 
be questioned. Only four out of twenty of 
the subjects could pair the correct excerpts 
of the Avicii-song coded in 128 kbit/s 
AAC. Why just this excerpt is an outlier is 
unknown.  
 
Of the analysis in table 3 one codec and bit 
rate can be considered statistically 
significant. AAC in 96 kbit/s got enough 
correct answers to state this significance 
while none of the other codecs and bit rates 
got this significance.  

  

Table 3    
Codec  bit rate Correct answers (60) !-value 
Ogg Vorbis  96 kbit/s 33 0,26 
AAC  96 kbit/s 42 0,001 
Ogg Vorbis 128 kbit/s 25 0,92 
AAC  128 kbit/s 33 0,26 
Ogg Vorbis  192 kbit/s 31 0,45 
AAC  192 kbit/s 30 0,55 
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4. Discussion 
The results from this test do not give any 
hints of the subjects hearing any difference 
between lossy coded and uncoded excerpts 
of popular music. These results do not 
equal to those of similar tests were the test 
subjects, who also were trained listeners, 
heard a difference up to 192 kbit/s with 
another codec (Pras et al, 2009). The two 
main factors that may have caused this 
difference in results are the subjects and 
the excerpts. It is also possible that AAC 
and Ogg Vorbis that are used in this test 
cause less audible artifacts than MP3 that 
is tested by Pras et al.  
 
AAC coded in 96 kbit/s turned out to be 
statistically significant, even though each 
stimulus were not statistically significant. 
This shows that in this test, the subjects 
could hear a difference between the 
excerpts coded in AAC 96 kbit/s.  
 
The subjects in this test were all students at 
the audio engineering program at Luleå 
Univeristy of Technology. This may have 
caused some variation in the experience 
among the subjects. Pras et al’s test 
subjects were professional musicians and 
engineers with an average 6 years’ 
experience in the studio. Pras et al’s test 
subjects may have been a more 
experienced group with a higher level of 
listening experience. In the test conducted 
for this thesis no questions were asked 
about earlier experience of listening to 
lossy coded material or audio engineering 
experience. If these questions had been 
asked some conclusions may have been 
possible to draw about the subjects’ 
background experience. The training that 
the subjects’ had could also have an impact 
of the final result. All the subjects got two 
training stimulus where they tried the test 

out and also got to ask the test instructor 
questions about the test. More training may 
have led to that more subjects could hear 
the difference between uncompressed and 
lossy compressed audio.  
 
The excerpts in this study were not the 
same as in any earlier studies. This may 
have led to differing results between the 
studies. The choices of the excerpts were 
based on songs that were played frequently 
on the radio and were topping the 
international charts of 2015 and/or 2016. 
The songs seemed relevant because many 
people listened to the songs in lossy coded 
formats. It is common to use test material 
in listening tests that is a solo instrument 
recorded in the best conditions to create a 
critical sound that may be sensitive to 
testing. These kinds of excerpts are good 
for testing a codec but they are not always 
that relevant because few people listen to 
that kind of music lossy coded.  
 
The subjects that participated in the test for 
this study said informally after the test that 
they often felt that both the original and the 
coded excerpt sounded badly. The 
spectrograms clearly show that some 
degradation of the sound has been made 
from lossy compression and that there are 
differences in the original and the coded 
excerpts. Still the subjects felt that both 
audio signals sounded bad. This may be 
due to that all excerpts were heavily 
dynamically compressed and limited and 
that they already contained some artifacts 
due to the dynamic compression and 
limiting. What speaks against this 
argument is that in Pras et al’s study the 
excerpts with less headroom and the ones 
that were more dynamically compressed 
had more audible lossy compression than 
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the excerpts with more dynamic range. In 
this case maybe the artifacts before the 
encoding that may have been caused by 
dynamic compression were so audible that 
they covered up for the artifacts that 
occurred during the encoding, which in this 
case may have led to the original and the 
coded excerpts sounding similar. 
 
One of the things, among others, that may 
have affected the stimuli is the loudness 
normalization. This made the headroom 
bigger and the clipping was avoided. By 
doing the loudness normalization after the 
lossy compression, the stimuli could 
maybe have been more critical to the 
codecs. It is unknown if music streaming 
services avoid too small headroom’s but 
this can lead to an unfair comparison of 
this test and the quality of these programs. 
Another thing that can have affected the 
stimuli is the dither that was added in the 
conversion from 32 bit floating point to 16 
bits. The unwanted reverb from the audio 
interface can have had an impact of the 
result too but these factors are so small that 
the impacts are believed to be minimal.  
 
It is hard to say by this study if higher bit 
rates really are necessary. In this test the 
subjects did not hear any difference but 
there need to be more tests before a 
conclusion can be drawn whether these 
codecs give audible artifacts and at which 
bit rate that occurs. In some earlier tests 
that have been mentioned earlier in the 
report trained listeners could hear 
difference in MP3 coded excerpts up to 
192 kbit/s while in this test trained 
listeners could not hear difference at 96 
kbit/s, 128 kbit/s or 192 kbit/s. The results 
from different tests differ too much to 
make any general conclusions.  
 

One noticeable thing in the test answers is 
the Avicii-song coded in 128 kbit/s Ogg 
Vorbis where only four out of twenty 
subjects picked the right answer. This is 
noticeable because it was so many of the 
subjects that selected the wrong answer 
that it would be statistically significant that 
the subjects experienced the coded excerpt 
as the same as the uncoded, which of 
course is impossible. The only explanation 
for this occasion is that it was a 
coincidence. This can also mean that the 
answers for Coldplay coded in AAC 96 
kbit/s that are statistically significant also 
could be a coincidence. The Coldplay song 
coded in AAC 96 kbt/s is however more 
expected to be statistically significant 
because it is coded at a low bit rate so this 
result shall not be fully rejected.   
 
It is hard to implement the results of this 
study on the audio quality of Spotify and 
iTunes because it is so many different 
kinds of music on these music-streaming 
services and in this test only one genre is 
tested. It is also hard to know if the 
streaming services have any other 
processing beyond the bit reduction that 
can impact the audio quality. Both iTunes 
and Spotify have higher bit rates than 96 
kbit/s as default and in this test the two 
higher bit rates did perform extremely well 
on the tested excerpts so in this case the bit 
rates should be considered as high enough.  
 
If this test is to be remade to be remade it 
is important to check the equipment so that 
any unwanted processing can be 
minimized. Also it would have been 
interesting to see what impact the loudness 
normalization had on the end results. 
 
It has been mentioned before in this report 
that to draw any conclusions by this test 
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more tests have to be done on the subject. 
It would also be interesting for further 
research to investigate in what way the 
most music consuming audience listen and 

then do tests on how audible lossy coding 
is in these conditions. Pras et al (2009) 
suggested a similar idea in the end of their 
report.  
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Appendix 1 – Spectrograms 

 
Spectrogram of Avicii coded in AAC 96 kbit/s. 

 
Spectrogram of Avicii coded in AAC 128 kbit/s. 
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Spectrogram of Avicii coded in AAC 192 kbit/s. 

 

 
Spectrogram of Avicii coded in Ogg Vorbis 96 kbit/s. 
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Spectrogram of Avicii coded in Ogg Vorbis 128 kbit/s. 

 
Spectrogram of Avicii coded in Ogg Vorbis 192 kbit/s. 
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Spectrogram of Avicii coded uncoded. 

 
Spectrogram of Coldplay coded in AAC 96 kbit/s. 
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Spectrogram of Coldplay coded in AAC 128 kbit/s. 

 
Spectrogram of Coldplay coded in AAC 192 kbit/s. 
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Spectrogram of Coldplay coded in Ogg Vorbis 96 kbit/s. 

 
Spectrogram of Coldplay coded in Ogg Vorbis 128 kbit/s. 

31



32	 Bachelor	Thesis	
 

 32 

 
Spectrogram of Coldplay coded in Ogg Vorbis 192 kbit/s. 

 
Spectrogram of Coldplay uncoded. 
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Appendix 2 – Technical information about the coded songs 
 
The information about the bit rates is from afinfo (AAC) and ogginfo (Ogg Vorbis). 
 
Avicii AAC 96 kbit/s 
Bit Rate 99678 bit/s 
 
Avicii AAC 128 kbit/s 
Bit Rate 131587 bit/s 
 
Avicii AAC 192 kbit/s 
Bit Rate 196655 bit/s 
 
Avicii Ogg Vorbis 96 kbit/s 
Average Bit Rate 88329 bit/s 
 
Avicii Ogg Vorbis 128 kbit/s 
Average Bit Rate 118262 bit/s 
 
Avicii Ogg Vorbis 192 kbit/s 
Average Bit Rate 170466 bit/s 
 
Coldplay AAC 96 kbit/s 
Bit Rate 98570 bit/s 
 
Coldplay AAC 128 kbit/s 
Bit Rate 131505 bit/s 
 
Coldplay AAC 192 kbit/s 
Bit Rate 192613 bit/s 
 
Coldplay Ogg Vorbis 96 kbit/s 
Average Bit Rate 90644 bit/s 
  
Coldplay Ogg Vorbis 128 kbit/s 
Average Bit Rate 118492 bit/s 
 
Coldplay Ogg Vorbis 192 kbit/s 
Average Bit Rate 177359 bit/s 
 
Bieber AAC 96 kbit/s 
Bit Rate 98654 bit/s 
 
Bieber AAC 128 kbit/s 
Bit Rate 132673 bit/s 
 
Bieber AAC 192 kbit/s 
Bit Rate 196165 bit/s 
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Bieber Ogg Vorbis 96 kbit/s 
Average Bit Rate 87247 bit/s 
 
Bieber Ogg Vorbis 128 kbit/s 
Average Bit Rate 115827 bit/s 
 
Bieber Ogg Vorbis 192 kbit/s 
Average Bit Rate 173429 bit/s 
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