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Challenges of MP3 Player Testing

Steve F. Temme, Listen, Inc.

Introduction
MP3 players have been the ‘must-have’ electronic gadget for the past few years. Over 10 million players were 
sold in 2005, and this is predicted to rise to more than double this by 2010. But how can manufacturers carry out 
QA tests on the production line, ensure excellent sound quality and demonstrate their compliance with Sound 
Pressure Level regulations?

MP3 player testing is challenging as it combines traditional audio analysis techniques with some characteristics 
unique to MP3 players. Here, we examine the equipment and techniques that MP3 player manufacturers can use 
to test the sound quality of their products, and advise how to overcome some of the challenges inherent to mea-
suring MP3 players.

What needs to be measured?
There are several different aspects of MP3 players that need to be tested. The most obvious is the audio quality 
– does the signal coming out of the MP3 player sound the same as the signal going into it? It is also becoming 
increasingly important to measure Maximum Sound Pressure Level (SPL) as this is now required in some Euro-
pean countries. Finally, to ensure a good user experience, the complete system including headphones and other 
ancillary components needs to be tested.

Challenges of MP3 Player Testing
Measuring MP3 players presents many challenges. MP3 files are by their nature compressed, which makes ac-
curate measurements difficult, particularly at the extremes of the frequency spectrum. The wide dynamic range 
places some constraints on the hardware that can be used. In addition, synchronization of the signal playback 
and measurement, jitter, and sampling rate errors result in the necessity for specially designed measurement 
algorithms. In addition, manufacturers may need to test the complete system including headphones and possibly 
even a mobile telephone, which require their own set of tests.

Hardware and Software
The hardware is an important factor in MP3 player testing. MP3 players have a wide dynamic range as they use 
at least a 16 bit D/A converter. This means that any measurement system used must offer a dynamic range of at 
least 96dB. For software based systems, a high end sound card or data acquisition card is necessary. We have 
achieved excellent results using DAL sound cards (104dB), Lynx Soundcards (110dB) and NI PXI 4464 data 
acquisition cards (117dB). Standard built-in PC or laptop sound-
cards are usually around 80dB and do not offer sufficient sen-
sitivity for MP3 player testing. If using a data acquisition card, it 
is important to ensure that it offers anti-alias filters for spectrum 
analysis. Whatever input device you use, care must be taken 
to ensure that the playback and acquisition are at similar levels 
in order to utilize the entire dynamic range. This is usually done 
using input attenuators on the signal. 

Since a MP3 player has a stereo output, the fastest way of 
measuring it is with a system that offers at least 2 channels (a 
single channel system will work, but will take 
longer). A system with 4 channels will enable 

Fig 1: Selection of sound cards suitable for MP3 Player testing.



headphone output and line out to be simultane-
ously measured, and a six-channel system would 
enable the complete system (both outputs, and 
the headphones) to be measured in a single test.

There are both hardware and software based 
systems on the market, and even systems that 
are a combination of the two. Software systems 
generally offer considerably more flexibility and a 
lower initial purchase price than hardware sys-
tems. Since they use the processing power of the 
computer, IT upgrades can make your system 
run faster whereas a hardware based system will 
offer the same performance over its entire life. A 
Windows software based system offers the added 
advantage that it works directly with WAV files, 
thus avoiding the additional step (and possible 
introduction or errors / noise) of having to convert 
the test signal from the hardware system’s native 
format. The main advantage of hardware-based 
systems is that they can offer extremely high test 
accuracy due to the data acquisition device. This 
can be important for testing some high-precision 
audio electronic devices but in our experience, a 
professional sound card is more than adequate for 
testing MP3 players.

Another important thing to consider when select-
ing a test platform is speed. Will the system be 
used on a production line and what is the neces-
sary throughput? Systems vary in the time taken 
to run a test, and in their ability to be integrated 
with automated production lines, offer simple pass/
fail results, etc. If high throughput is important, 
a multi-channel system, although it has a higher 
initial purchase price, may prove less expensive in 
the long run as more parameters can be mea-
sured simultaneously, enabling faster testing. If 
it is important to you to use the same system in 
R&D as on the production line to facilitate test 
development, make sure that it also offers the test 
design flexibility that product designers will need.

The Input Signal
Most MP3 players are playback only devices. 
While some can play WAV Files, many can only 
play MP3 files. Testing using a WAV file is prefer-
able if the player will support this as it makes it 
easier to more accurately measure the character-
istics of the player. 

When an MP3 file is made, in addition to elimi-
nating some of the sound information, the noise 
floor is increased (fig. 4). This increase is more 
significant at low frequencies (below about 2kHz) 
because the compression algorithms typically 
compress sound more in this frequency range as 
the ear is less sensitive. This makes it much harder 

How is an MP3 file different from a WAV 
file?
An MP3 file is significantly compressed to make it 
smaller. It is made by ‘ripping’ the wav file of the test 
signal using the software supplied by the MP3 player 
manufacturer. Different manufacturers have their own 
algorithms or ‘codecs’ for doing this, but essentially 
the principle is the same. The sound file is sampled 
digitally at a predetermined frequency and, based on 
psychoacoustic models, information in the sound signal 
that you would not hear is removed to make the file 
size smaller. Typically, a MP3 compression algorithm 
would remove higher harmonics above about 17-18kHz 
(the threshold of human hearing). In addition, masking 
curves are used to determine recorded frequency con-
tent that would be inaudible due to its close proximity 
to similar tones of greater amplitude. Low frequencies 
tend to be compressed more as the ear is less sensitive 
below about 1kHz.

Some files compress more than others when turned into 
MP3 files, for example, pink noise does not compress 
much at all since it has less energy at high frequency. 

Fig. 2 shows the high frequency cut-off of an MP3 file 
compared to a WAV file, and Fig 3 shows how a mask-
ing curve is used to eliminate ‘unheard’ sounds.

Fig. 2: High frequency cut-off of an MP3 file compared 
to a WAV file

Fig. 3: A masking curve is used to eliminate ‘unheard’ 
sounds
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to accurately measure distortion and noise at low frequencies. If measuring THD+Noise is important to you, it is 
important to use a WAV file as your test signal. The first step in any MP3 player test is to get the test signal into a 
format that can be read by the player, and loaded onto the device under test.
 

Fig 4: Noise floor of MP3 and WAV files.

Playback synchronization
In any electro-acoustic test, the stimulus (test signal) is played and the response of the device measured. In this 
case, since the stimulus comes from the MP3 player rather than being generated by the test system, triggering is 
necessary to make sure you start measuring as soon as you start playing the signal. Even with triggering there 
may still be some offset between the start of the file and the signal, so it is necessary to compensate for this. We 
have used a cross-correlation algorithm, which compares the input and output signal and uses this to calculate 
where the signal really began, with excellent results.

Jitter and sampling rate errors
Jitter and sampling rate errors, like ‘wow and flutter’ in analog audio devices, are when a playback signal is un-
stable. Jitter occurs, for example, when a 1kHz signal fluctuates between 999 and 1001 KHz. Sampling rate error 
is when the playback is very slightly faster or slower than the encoded frequency. For example, a MP3 file that is 
sampled at 44.1KHz is, in reality, played back very slightly faster or slower (say 44.009 or 44.011kHz). This is due 
to the quality of the crystal. While it is possible to use a very accurate crystal, low cost consumer goods such as 
MP3 players tend to use inexpensive crystals and most of the MP3 players that we have tested demonstrate this 
frequency shift. In reality, this small shift means that a 10kHz tone may be played back at 10.005kHz.  

While the ear does not discern small sampling rate errors or jitter, there is a serious implication for testing. Most 
MP3 player tests involve comparing the output signal to the input signal. If the sampling rates are different, the 
difference in phase will cause the results to be meaningless. Generally any measurement using time averaging 
techniques are affected by jitter and sampling rate errors.

There are various ways to minimize the effects of such errors. The most effective is to use an algorithm that re-
samples the recording to match the output signal to enable a comparison of the other characteristics of the output. 
If however your test system cannot accommodate this, there are a variety of methods that can be used to ensure 
accurate results, including using power averaging rather than complex averaging as it is not affected so much by 
the two signals being very slightly out of phase (in complex averaging the different phases may cancel each other 
out), using a flat top window or broad filter, or using short time averages. The particular method chosen depends 
on the extent of the jitter and sampling rate errors. 

Complete System Test
There are many parts of an MP3 system that may need to be tested. MP3 players often have two outputs – head-
phone and line out. Since the two often have different high pass filtering and output impedances, they need to 
be measured individually. In addition, an MP3 player is usually part of a system which includes headphones. The 
overall user experience is therefore a function of both the MP3 player and the headphones. Generally speaking, 
the quality of the headphones is the limiting factor as headphones typically have much worse frequency response 
and distortion than the electronics themselves.

Listen, Inc. 580 Harrison Ave, Suite 2A • Boston, MA 02118 • 617-556-4104 • Fax 617-556-4145 • www.listeninc.com



Headphone testing has its own measurement techniques and industry standards that need to be considered. 
These include what kind of artificial ear to use, how exactly the headphones are positioned on the artificial ear, 
and how to apply the free field correction curve to the results. This is a detailed area for discussion, and a subject 
for a separate article. 

In addition to testing the complete system for sound quality, it is also necessary to test maximum SPL (Sound 
Pressure Level). MP3 players can be played at very high sound pressure levels (some over 110dB) which, 
together with the tendency of people to listen to MP3 players for long periods of time, can lead to high sound 
exposure levels. In France there is a law restricting portable audio devices to a maximum SPL of 100dB, and in 
the US at least one lawsuit has been filed against an MP3 player manufacturer for hearing damage caused by an 
MP3 player. 

The industry is not yet agreed on what is an acceptable maximum sound pressure level (SPL) and sound expo-
sure level (SEL). So far the only known standard for measurement is the British standard “BS EN 50332 Head-
phones and earphones associated with portable audio equipment – Maximum sound pressure level measurement 
methodology and limit considerations”. Although it is more specifically a headphone test requirement, it applies 
to portable audio equipment so MP3 player manufacturers are wise to ensure compliance.  Fig 5. shows the test 
set-up that recommended by this standard. This requires additional hardware such as a head and torso simulator 
(usually an expensive system component) which is important to also consider when specifying an MP3 player test 
system.

 

Fig. 5: Test Configuration for British Standard BS EN 50332

It is also worth ensuring that your test system is compatible with testing any other products that may be integrated 
with your device, such as mobile phones. Mobile telephone tests include measuring additional parameters such 
as loudness rating, linearity, echo delay, magnetic field for hearing aid coupling and testing to TIA standards. 
Although most test systems that can measure MP3 players can also measure mobile telephones and, of course 
headphones, there are advantages to choosing a system that does these well and where the company supplying 
the system also has expertise in these products. 

Conclusions
MP3 player testing presents many challenges because it requires fast throughput, accurate testing and manufac-
turers need to be able to carry out a wide range of tests which may also include testing headphones and mobile 
telephones. A thorough understanding of how an MP3 player works and the characteristics that MP3 players 
display (jitter, sampling rate errors, etc.) is necessary to develop tests that quantify these errors. However, with 
careful test system selection, and awareness of the testing challenges, it is possible to accurately characterize the 
performance of MP3 players and the associated system components.
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