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Abstract: - In this paper, we present objective and subjective evaluation of AAC audio codec implementations 
for ARM based audio mobile device. Selected audio material was coded and decoded using implementations 
provided by four different vendors and then compared to the original audio recordings by using EAQUAL 
software. Afterwards, two implementations with highest scores were evaluated by using subjective A/B/X 
listening test. Finally, the optimal choice of codec and bitrate was made, based both on subjective quality of the 
codecs and on other important objective indicators such as processor usage and memory occupation of ARM 
architecture implementations. 
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1 Introduction 
In this paper, we present an evaluation of different 
AAC audio codec implementations based on 
objective and subjective quality grades. This 
evaluation has been performed for the purpose of 
the development of a battery powered standalone 
audio recording device aimed to instantly capture 
inspiration of the musicians and creative people.  

This device will have a built-in internal memory in 
order to record sound, wireless connectivity to 
iPhone and Android based devices and more 
significantly - studio grade signal quality. The 
device will integrate several existing devices in one: 
 Analog microphone: Device will include 

3.5 mm mini stereo jack headphone output with 
microphone monitor function. It means that this 
device will have analogue output that could be 
connected to an external audio card in order to 
record sound (e.g. on a PC), like with any other 
analog microphone. 

 Recorder: Internal recorder with memory  
capacity of 8 GB will provide recording of 16 
hours in WAV format or 160 hours in AAC 
format. The device will integrate USB mass 
storage interface, so that recorded files will be 
accessible via host computer. 

 Playback module: Besides local monitoring, 
recorder files playback functionality will be 

integrated as well. In such a way, musicians will 
be able to listen audio files they recorded earlier. 
Furthermore, device will provide the so-called 
recording on top functionality, which means that 
it will be possible to make a new recording over 
the track that has already been recorded and 
currently played back on the headphones. 

 USB microphone: USB audio functionality will 
be one of possible use cases the device will 
provide, so that it could be used as an USB 
microphone. 

 Wireless microphone: The device will provide 
real-time wireless streaming to iPhone and 
Android based devices via Bluetooth 2.1 (Classic 
Bluetooth) interface. Using an application on a 
mobile phone, it will be possible to edit, mix and 
share recorded tracks. Besides, it will be possible 
to connect up to 3 devices and stream data to the 
application at the same time. 

Golden plated condenser capsule with 18 mV/Pa 
rated sensitivity will be used as an audio sensor. Its 
frequency response is in the range from 20 Hz to 
20 kHz. In addition, Li-Ion battery with 1000 mAh 
rated capacity will provide 7 hours of local 
recording or 5 hours, if Bluetooth streaming is used. 
Battery will be charged over the micro USB 
connector, since battery charger will be integrated in 
the device itself. Finally, the user will be given the 
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option to choose between 16-bit or 24-bit 
resolutions and 44.1 kHz, 48 kHz and 96 kHz 
sampling frequencies.  

In order to achieve reasonable manufacturing 
cost of the final device, with the longest possible 
autonomy and required audio quality, we have paid 
special attention to the choice of hardware 
components, their energy consumption, as well as 
computational complexity and audio quality of used 
audio codec. 

In order to enable real-time audio data 
transmission, with the given constraint on wireless 
connection bandwidth, we have chosen AAC codec 
[1], which was shown to provide excellent audio 
quality on lower bitrates. Besides, in some previous 
works [2], it was shown that AAC codec provides 
better audio quality when compared to popular MP3 
codec at the same bitrate. 

We have chosen four different AAC codec 
implementations (from four different vendors) that 
were ported to the hardware platform of interest for 
this project. For the codec quality evaluation 
purposes, a set of high quality audio recording has 
been prepared so that different categories such as: 
vocal, solo instrument and orchestra are present. 
Chosen audio recordings were compressed using 
AAC encoders with different combinations of bit 
depth (16/24 bit) and bitrate (96 – 256 kbps). In 
addition, computational resource consumption of 
each AAC codec implementation was determined. 

Using only subjective tests of audio quality 
turned out to be impractical due to a large number of 
codec parameter combinations. In order to 
overcome this problem, in the first pass we 
evaluated the objective quality grade (ODG) of each 
compressed audio recording by comparing it with 
the original (raw) one, using the software tool 
EAQUAL (Evaluation of Audio Quality) [3]. This 
tool, based on ITU-R recommendation BS.1387 [4], 
provides objective quality grade for compressed 
audio recordings by modelling physical, psycho-
acoustic and cognitive properties of human auditory 
system. 

Next, we have chosen two codec 
implementations with the highest objective quality 
grade, and then we have evaluated their 
performance by carrying out subjective tests. 
Finally, the optimal codec has been identified by 
taking into account not only the objective and 
subjective audio quality grades, but also the 
computational complexity and the vendor’s 
licensing model. 

 
 

2 Theoretical background 
2.1 AAC (Advanced Audio Coding) 
AAC is an audio coding standard for lossy audio 
compression. It represents a widely used codec that 
employs the same encoding principles as MP3. 
Besides, it improves on MP3 in terms of encoding 
efficiency and audio features types [1], [5], resulting 
in better audio quality, especially at lower bitrates. 
AAC supports 48 full bandwidth audio channels in 
one stream (sampling frequency from 8 to 96 kHz), 
plus 16 low frequency effects (limited to 120 Hz), 
up to 16 dialog channels and 16 data streams. Stereo 
audio signal provides satisfactory to modest quality 
at 96 kbps in joint stereo mode. Besides, the MPEG-
2 audio tests showed that the “transparent” quality 
for stereo signal is achieved at 128 kbps and for 5.1 
audio at 320 kbps.  

Similarly to MP3, AAC codec reduces the 
amount of data necessary to describe the audio 
signal by removing those elements that could not be 
heard due to imperfections of human auditory 
system. Although tests [5] in the late 1990s showed 
that AAC exhibited better sound quality and 
transparency than MP3 for files coded at the same 
bit rate, numerous listening tests performed later 
have shown that the best encoders for each format 
are often of similar quality. It was shown that the 
quality is often dependent on the encoder 
implementation, even for the same format. Although 
AAC advantages over MP3 are evident below 
bitrate of 100 kbps, certain AAC encoders do not 
employ additional encoding strategies defined for 
AAC, resulting in slightly lower audio quality than 
for the best MP3 encoder. 

In the sequel, we provide the list of 
improvements introduced by AAC codec: 
 AAC supports up to 48 channels, whereas MP3 

supports up to two channels in MPEG-1 mode 
and up to 5.1 channels in MPEG-2 mode 

 More sampling frequencies than MP3 (from 8 to 
96 kHz in contrast to 16 to 48 kHz) 

 Arbitrary bit-rates and variable frame length.  
 Higher coding efficiency for stationary signals 

(AAC uses a block size of either 1024 or 960 
samples, that allows more efficient coding than 
for MP3 576 sample blocks) 

 Higher efficiency and simpler filter bank (AAC 
uses a pure MDCT) 

 Higher coding accuracy for transient signals 
(AAC may switch to a block size of 128 or 120 
samples, that allows more accurate coding than 
MP3 192 sample blocks) 

 Better coding of frequencies above 16 kHz 
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 AAC introduces additional tools in order to 
increase the compression efficiency: TNS, 
Backwards Prediction, PNS etc. 

 More flexible joint stereo (different methods are 
used depending on frequency ranges) 

 
AAC encoder separates the audio signal in 

different frequency bands, and then uses 
psychoacoustic modelling to identify those bands 
whose complexity can be reduced without audible 
distortions. This process is more or less aggressive, 
depending on the constraint imposed by the output 
bitrate. As a consequence, the audio signal will be 
more or less deteriorated.  

As has been said previously, different 
implementations of AAC codec result in different 
audio quality of the encoded audio signal. In order 
to identify the codec with the highest quality and the 
corresponding optimal bit-rate, we have performed 
objective and subjective audio quality evaluation, as 
described in the sequel. 

2.2 Objective audio quality evaluation 
The main goal of EAQUAL tool (based on the ITU-
R recommendation BS.1387) is to provide an 
objective quality measure for encoded/decoded 
audio files. It is not aimed to replace subjective 
listening tests but to act as a useful tool to support 
subjective tests and categorize different coding 
algorithms. The more input files are taken for the 
analysis, the better the results of EAQUAL will fit 
the real audio quality. In order to use EAQUAL, one 
has to provide the reference file, which is the 
original PCM data (16 bit, 48 kHz format), and the 
test file, which is the encoded and decoded audio 
file and has the same audio format (PCM). 

EAQUAL uses the psychoacoustic model to 
compute the signal that would be present at the 
basilar membrane (excitation pattern), by using 
nonlinear sum of masks. Afterwards, the cognitive 
model as well as the combination of different 
algorithms is used to estimate the impact of noise 
and distortion due to lossy audio compression. Each 
of these algorithms provides the so called MOV 
(Model Output Variable), that are explained as 
follows: 
 Bandwidth: estimate of the bandwidths of both, 

the reference and the test signal 
 NMR (Noise-To-Mask-Ratio): ratio between the 

noise (introduced by the codec) and the allowed 
masking threshold 

 RDF (Relative Disturbed Frames): based on 
NMR. If the NMR of any frequency band is 
higher 1.5dB the frame is assumed to be 

disturbed. The number of disturbed frames is 
then divided by total number of frames. 

 MFPD (Maximum Filtered Probability of 
Detection): a detection probability of hearing the 
noise/artefacts is calculated similarly to the 
NMR. This probability is smoothed over time by 
a low pass filter of the first order. After that, the 
maximum of the resulting value and the MFPD 
of the preceding frame is chosen. 

 ADB (Average Distorted Block): Similarly to 
RDF, the number of distorted blocks is 
calculated based on the detection probability (if 
detection probability > 0.5). Then a measure of 
how audible the distortion is, is divided by this 
number. 

 EHS (Harmonic Structure of Error): a measure 
how tonal the noise signal is. The calculation is 
based on the autocorrelation of the error 
spectrum. 

 Modulation difference: measurement of 
differences between the envelopes of reference 
and test signal based on a simple loudness 
measure and low pass filtering. 

 Noise loudness: a measure of the loudness of the 
noise signal. 
The average of these MOVs over time and 

channels are used as the inputs to a neural network 
[3]. The output of the network is the DI (Distortion 
Index) that is mapped through a nonlinear (sigmoid) 
function to the ODG (Objective Difference Grade) 
that is shown in Table 1.   

Table 1: Objective Difference Grade – ODG. 

Impairment description ODG
Imperceptible 0 
Perceptible, but not annoying -1 
Slightly annoying -2 
Annoying -3 
Very annoying -4 

2.3 Subjective audio quality evaluation 
Subjective audio quality evaluation is performed by 
using the double blind A/B/X testing methodology 
[6]-[10]. The testing procedure itself assumes that 
two different audio recordings are played with 
random choice as A and B, and one of them is 
randomly chosen to be X. The listener has to select 
which recording of A or B is identical to the X. 

For the purpose of the A/B/X listening tests, a 
testing computer program for subjective evaluation 
was developed in MATLAB [11]. The graphic user 
interface of the program is shown in Figure 1. There 
are three pushbuttons — A, B, and X — which play 
the corresponding audio signal when pushed. It is 
possible to toggle between the signals during 

WSEAS TRANSACTIONS on COMMUNICATIONS

Lazar Berbakov, Stefan Trailović, 
Dejan Todorović, Vukašin Ristić, 

Nikola Nenadić, Iva Salom, Goran Ferenc

E-ISSN: 2224-2864 55 Volume 17, 2018



p
n
w
r
m
m
p
m
o
w
n
h
f
b
s
r
d
f
p
p
r
(
r
i
s
d
c
<
a
i
i
h

2
T
t
c
a
c

playback an
number of se
with the ne
represent the
moved easily
marked part 
played. Belo
monitor the i
of audio re
whether ther
not. If there 
has to decide
finally which
buttons “I p
sure”). By se
right corner)
difference g
following c
perceptible. 
pushing the “
recordings. T
(encoded by
randomly loa
influence on 
signal X repr
determined b
completed, th
<yyyymmddh
anonymity 
importance e
in the field 
here. 

Figure 1.

2.4 Hardw
The main req
to provide h
consumption
and battery 
constraints du

d to set the
econds the p

ew one). M
e signal in 
y at any po
of the sign

ow the posit
information a
ecording. Th
re is a differ

is any audi
e whether X 
h signal soun
prefer A”, “
etting the sli
) the subjec
grade betwe
choices: im
After all d

“continue” b
Two signals 
y two diff
aded into A 

the next ma
resents signa
by the prog
he results are
hhmm.sts>. 
is preserve

especially wh
of audio rec

. MATLAB ap
audio qua

ware archite
quirement of
high audio 

n. Low hardw
capacity we
uring its dev

e overlap in
previous pla

Markers in t
the time d

oint of the 
nal between 
tion slider, t
about curren
he subject 
rence betwee
ible differen
corresponds
nds better (w

“I prefer B”
ider position
ct provides 
een A and
mperceptible 
ecisions hav

button loads t
of the same

ferent AAC
or B, so that
aterial is avo

al A or signal
gram. Once 
e saved in a 
In such a 

ed, which 
hen the subje
cording, as i

pplication for 
ality testing. 

ecture 
f developed 

quality wit
ware comput
ere identifie

velopment.  

n seconds (
ayback overl
the figure t
domain can 
signal and 
the markers

the subject c
nt and total ti

has to dec
en A and B

nce, the subj
s to A or B, a
with three ra
 or “I am 

n (at the bott
the subject

d B with 
and clea

ve been ma
the next pair
 audio mater

C codecs) 
t any subject
oided. Whet
l B is random

the testing
text file nam
way, subjec
is of gr

ects are expe
it was the c

the subjective

audio device
th low ener
ting capabilit
ed as the m

(the 
laps 
that 

be 
the 

s is 
can 
ime 
cide 

B or 
ject 
and 

adio 
not 

tom 
tive 
the 

arly 
ade, 
r of 
rial 
are 

tive 
ther 
mly 
g is 
med 
ct’s 
reat 
erts 

case 

 

e 

e is 
rgy 
ties 

main 

the
har
req
en
les
en
co
ter

AR
dev
ad
eff
Co
AR
ser
per
de
wh
an

sig
Bo
wi
pro
pro
(Si
Co

sup
qu
(Pe
Ste
dev
de
alr
for
pro
for

be
au
req
tim
fea
an
ins
wh
asp

AA
req
sol
pla

Having in m
e first choi
rdware or so
quires d
coding/deco
ss flexible an
ergy efficie
dec was pre
rms of audio 

For the dev
RM, becaus
veloper sup
dition, the A
ficient that 
ortex architec
RM micropro
ries: A, M,
rformance 
manding op
hereas M se
d it is aimed
AAC encod

gnal process
oth A and M
ith a special
ocessing tas
ocessor. Cor
ingle Instru
ortex M has F

Beside ba
pports additi

uality, like T
erceptual N
ereo), and 
velopment o
cided to eva
ready existin
r ARM arch
ocessing (NE
r better enco
By analyzin

en decided 
dio codec. 
quirement fo
me it is less 
atures (TNS,
d they wer
stance, PNS 
hich was no
pect. 
By surveyin

AC codec 
quirements 
lutions have
atforms base

mind the afo
ice to mak
oftware enco
dedicated 
ding, it was 

nd more cost
nt. As for 
eferred beca
quality when

velopment p
se of its lo
pport due t
ARM as a R

similar CI
cture is the m
ocessors and
, and R. S
microproces
perating sy

eries have m
for applicati

ding is a com
ing in time

M microproce
l hardware u
sks with m
rtex A serie

uction Multi
FPU (Floatin
sic features
ional tools ai

TNS (Tempo
Noise Subst

IS (Intens
of AAC code
luate the qua

ng on the m
itecture, use

EON, FPU), 
ding such as 
ng the custo
to use AAC
This codec 

or the output
computation
, PNS) requi
re shown t
requires 10
t acceptable

ng the curre
vendors t

have been 
e been eva
ed on ARM 

forementione
ke was whe
oder. Since th

chip f
immediately

tly, and in so
the codec 

ause of its a
n compared 

platform, we
ow price a
to its omni

RISC archite
ISC architec
most recent 

d it is availab
Series A re
ssors, aime
ystems such
more modest
ions without

mplex process
e and freque
essor series 
unit dedicat

minimal usag
es possess N
iple Data) 
ng Point Unit
s, AAC a
imed to impr
oral Noise Sh
titution), M
sity Stereo)
ec is long  p
ality of softw

market, that a
e hardware u
and support 

s TNS, PNS, 
omer require
C-LC (Low 

type fits v
t bitrate, and

nally intensiv
ire more pro
to be unne

0% more pro
e from the d

ent market, 
that fulfil 

found. Th
aluated on t

microproces

d constraint
ether to us
he first choic
for audi
y discarded a
ome cases les
choice, AAC
advantages i
to MP3. 
have chose

and excellen
ipresence. I
cture is mor
ctures. ARM
realization o

ble in differen
epresent hig
d for mor
h as Linux
t capabilitie
t OS. 
s that require
ency domain
are equippe

ted for signa
ge of centra
NEON, SIMD
unit wherea
t).  
audio forma
rove the audi
haping), PN

MS (Mid-sid
). Since th
rocess, it wa

ware solution
are optimize
unit for signa

specific tool
etc. 

ements, it ha
Complexity

very well th
d at the sam
ve. Additiona
ocessing time
ecessary. Fo
ocessing time
device desig

four differen
the projec

heir softwar
the hardwar
ssors. It mus

s, 
se 
ce 
io 
as 
ss 
C 
in 

en 
nt 
In 
re 
M 
of 
nt 
gh 
re 
x, 
s, 

es 
n. 
ed 
al 
al 
D 
as 

at 
io 

NS 
de 
he 
as 
ns 
ed 
al 
ls 

as 
y) 
he 

me 
al 
e, 
or 
e, 

gn 

nt 
ct 
re 
re 
st 

WSEAS TRANSACTIONS on COMMUNICATIONS

Lazar Berbakov, Stefan Trailović, 
Dejan Todorović, Vukašin Ristić, 

Nikola Nenadić, Iva Salom, Goran Ferenc

E-ISSN: 2224-2864 56 Volume 17, 2018



be noted that the solution of Vendor 4 is based on 
ARM9E architecture that supports a number of DSP 
instructions and accelerates their execution.  

The results representing the complexity of the 
given solutions are shown in Figure 2. It must be 
noted that the data shown in Figure 2 correspond to 
the case of audio recordings with fs=48kHz 
sampling frequency and the output bitrate of 
128Kbps and TNS turned on for the vendors that 
support it. Only the computational requirements for 
Vendor 1 are given for ARM platform and audio 
recording with sampling frequency of fs=96kHz, 
whose processing requires more computational 
resources. 

Figure 2. Computational resources consumption. 

3 Results 
3.1 Objective audio quality evaluation 
Test set consisted of 14 audio recordings (mono, 
fs=48 kHz, 16 bit), encoded and decoded by AAC 
codecs from four different vendors (See Table 2). 
Original audio files were encoded to AAC format 
with the bitrates of 96, 128, 160, and 256 kbps. 
These files were decoded to .wav format and then 
compared to the original ones. The result of this 
comparison is the objective difference grade (ODG). 
The results averaged over the whole set of 14 
recordings are presented in Figure 3. 

Table 2. Audio recordings for objective tests 

Number Recording 
1 Flute Solo 

2 Piano, flugelhorn, violin, cello 

3 Benjamin Britten - Simple Symphony 

4 Mezzo soprano & piano 

5 Accordion and organ in a church 

6 Flute, cembalo, baroque cello 

7 Flute, cembalo, baroque cello 

8 Flute, cembalo, baroque cello 

9 Piano 

10 Piano 

11 Acoustic guitar, accordion and vocal 
12 Percussion set, Drums duet 

13 Percussion set, Drums duet 

14 Percussion set, Drums duet 

 
Figure 3. Objective difference grade as a function of 

bit-rate for 4 different AAC codec vendors. 

As can be seen in Figure 3, AAC codecs for 
Vendors 3 and 4 perform significantly better than 
codecs for Vendors 1 and 2. For higher bitrates (256 
Kbps), all codecs but Vendor 1 codec provide 
excellent audio quality. Having in mind that the 
compressed audio recordings will be transferred 
over wireless connection, the quality of audio 
recording with lower bitrates was more important. 
Consequently, codecs provided by Vendors 3 and 4 
have been selected for subjective audio quality 
evaluation. 

It must be noted that the Vendor 4 provides two 
types of AAC codecs. The first one cuts the audio 
spectrum above 17 kHz before encoding the signal. 
The second one compresses the original signal 
(having spectrum up to fs/2). The comparison of 
these two codec variants is given in Figure 4. 

 
Figure 4. Objective differene grade for two codec 

variants for Vendor 4. 

As can be seen from Figure 4, codec variant that 
performs low pass filtering provides slightly better 
quality. This is mainly due to the fact that better bit 
resolution is achieved at lower harmonics, and the 
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effect of shorter code words does not have as much 
as impact. Since most of the audio spectrum lies in 
frequencies lower than 17 kHz, this codec has better 
audio quality. Beside the fact that human auditory 
system barely perceives frequencies above 17 kHz, 
the choice of this algorithm is supported by its lower 
computational complexity and less processing time. 

In Figures 5 and 6, we present ODG as a 
function of track number for bitrates 96 kbps and 
256 kbps respectively. As can be seen, for some 
tracks codec from Vendor 3 outperforms the codec 
from Vendor 4 and vice versa. Also, there exist 
tracks (e.g. Track 6, 13 and 14) that seem to be 
harder to compress, which results in lower quality of 
decoded audio. In contrast, Track 12 seems to be 
quite easy to compress, resulting in similar ODG for 
all 4 codecs.  

 
Figure 5. ODG vs. Track number for different codec 

vendors (Bit rate=96 Kbps) 

 
Figure 6. ODG vs. Track number for different codec 

vendors (Bit rate=256 Kbps) 
 

3.2 Subjective audio quality evaluation 
In order to perform subjective testing of audio 
quality, ten audio recording were chosen. Among 
them, five were raw tracks and five were produced, 
as it is shown in Table 3. 

Table 3: Audio recordings for subjective tests 

Number Recording 
Recording 
produced

1 Accordion and organ in a church YES 

2 Piano YES 

3 
Acoustic guitar, accordion and 
vocal 

YES 

4 Set of percussions YES 

5 Drum set YES 

6 Bass guitar NO 

7 Guitar 1 NO 

8 Guitar 2 NO 

9 Snare close NO 

10 Female vocal NO 

All subjective tests were performed by using 
high quality reproduction hardware: 
 Laptop PC, ASUS Zenbook U500VZ serial 

number: D7M0CY18988672A 24M, 
 USB D/A converter with built-in headphone 

amplifier, audiolab M-DAC serial number: 
AH001841BFC1076, 

 Headphones MB Quart QUART PHONE 400 
serial number: 14444. 
Subjective tests involved six audio professionals, 

two acousticians and three young listeners, all aged 
from twenties to sixties. The subjects performed test 
individually. The single test duration was 
approximately 20 min. 

Ten previously chosen audio recordings from the 
Table 3 were encoded and decoded with AAC 
codecs from Vendors 3 and 4 with the 
corresponding bit-rates. Two different tests were 
performed: testKK in which two codecs with 
96kbps were compared and the one was chosen as a 
better, and test96 in which the better codec (96kbps 
bitrate) was compared to the original raw recording. 
The details of the tests together with the results are 
summarized in Table 4.  

According to the results of the subjective 
evaluation of the two selected codecs with seven 
subjects, there is no significant difference between 
the two selected codec implementations. 
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In conversation with the subjects after each test, 
they claimed that the difference is quite small, and 
that, in some cases, they prefer low frequency 
response of codec 3 (bass guitar and drum samples) 
and, in some cases, they prefer mid/high frequency 
response of codec 4 (voice, acoustic guitar, piano). 

The overall impression was that the quality of the 
sound can be evaluated as very good, and the 
difference may be noticed only in direct comparison 
of the samples. 

According to the results of the subjective 
evaluation of bit rate effect on perceived quality 
(codec 3, 96 kbps), there is a certain difference 
between the selected codec implementation and the 
original, but it cannot be considered as significant. 
Summary impression of the quality of the chosen 
codec versus original samples is that the difference 
may be heard only in direct comparison with the 
original. 

Overall, the final conclusion after the test and 
discussion with professionals is that both codecs 
under test are appropriate for the design, even at the 
lowest bit rate.  
4 Conclusion 
In this paper, we present an evaluation of different 
AAC audio codec implementations for ARM 
architectures. By performing objective audio quality 
tests using EAQUAL tool, we have selected two 
best performing codec realizations. Next we have 
performed subjective audio testing in order to 
identify the optimal codec. Results of the subjective 
testing have shown that the difference may be heard 
only in direct comparison with the original. 
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Table 4: Subjective test results. 

Test Sample1 Sample 2 
Number of 

subjects 

Count of 
correct 

choice for X

Count of 
undefined X 

Grade: 
„1 is better“ 

Grade: 
„2 is better“ 

Grade: 
„no 

difference“

TestKK 
Codec 3 

48 kHz, 16 
bits, 96 kbps 

Codec 4 
48 kHz, 16 

bits, 96 kbps 
7 

27/70 
38.6% 

31/70 
44.3% 

24 34 12 

Test96 
Codec 4 

48 kHz, 16 
bits, 96 kbps 

Original 
48 kHz, 16 

bits, 768 kbps 
6 

13/60 
21.7% 

27/60 
45% 

24 17 19 
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