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Abstract – Efficient implementations of contemporary 
standard audio decoders on low cost processors without 
floating point ALU are discussed in the paper. Various data 
representations using native fixed point arithmetics as well 
as simulated floating point arithmetics are considered. The 
effects of limited precision in fast cosine transform imple-
mentation are simulated and discussed. Real-world exam-
ples with various commercial audio recordings show, that 
the impact of a finite word length on the final decoded audio 
quality is not very significant since the artifacts resulting 
from rounding are often negligible compared to coding 
artifacts. 
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I. INTRODUCTION 

Great popularity of audio coding standards, like 
MPEG-1 and MPEG-2 Audio Layer 3 (MP3), MPEG-2 
AAC [1] and MPEG-4 GA is a result of high compres-
sion efficiency as well as relatively low computational 
complexity of respective codecs. Such codecs, when 
efficiently implemented in software, require a small por-
tion of the processor time in a modest PC workstation [2]. 
In consumer electronic devices, such as FLASH memory-
based portable music players or cell phones, the computa-
tional power of Pentium family processors is not avail-
able. The challenge is to offer a low-cost alternative im-
plementation using a cheap DSP or a general purpose 
microcontroller without a floating-point ALU [3-8]. Two 
generic strategies may be considered within audio de-
coder implementation targeted for such a low budget 
platform. Signal processing algorithms may be imple-
mented using native fixed-point arithmetics, alternatively 
floating-point arithmetics may be simulated using fixed 
point registers and ALU. The research reported in this 
paper was motivated by the question, how different repre-
sentation strategies affect the fidelity of the decoded 
audio programme in MPEG AAC LC decoder, and how 

far we can go with reducing the word length in calcula-
tions without introducing audible artifacts.  

 
Having a fixed word length usually constrained by the 

system architecture (CPU register size as well as the 
output bus width of the ALU) to 32, 24 or 16 bits, non-
integer values may be represented by choosing a certain 
position of the radix point (thus creating a fixed point 
system by devoting some bits to the fractional part), or by 
simulating a floating point system and treating some bits 
as mantissa and the remaining part as a binary exponent. 
Within fixed point system the available dynamic range is 
equal to the rounding SNR, and the maximum value is 
constrained by the range of binary numbers left to the 
radix point. With floating point system the dynamic range 
is larger thanks to the exponent range, however at the cost 
of reduced precision (the rounding SNR) of the mantissa 
part. Unfortunately, simulated floating point system re-
quires additional normalization stage after each operation 
and hence it is computationally more demanding. The 
choice of a best system depends on the expected signal to 
noise ratio given the dynamic range of the values repre-
senting the signal. 

Throughout this paper it is assumed that 16-bit fixed 
point sample value representation offers a transparent 
quality level (the reference CD-quality) with its associ-
ated SNR bound at 96 dB. However, when the signal is 
being manipulated in spectral domain (as in case of 
MPEG coding), the dynamic range between largest and 
smallest values is greatly increased, thus calling for in-
creased accuracy of computations. In AAC, the dynamic 
range is defined by the range of the scaling factors which 
is over 384 dB. A popular fixed point implementation of 
the MPEG AAC decoder [9] reserves 17 bits of the 32-bit 
word for the numbers left to the radix point thus conser-
vatively allowing for a maximum coefficient magnitude 
of 1.3 105. As shown in this paper, such range is in prac-
tice never used, and it is especially narrower in case of 
contemporary modern music. 



II. THE SENSITIVITY OF PROCESSING BLOCKS  
TO ROUNDING NOISE 

A standard MPEG AAC decoder consists of several 
computational blocks of various complexity [2]. As sin-
gle arithmetic operations introduce small rounding errors 
of ε ≤ 0.5 LSB, the influence of scaling, windowing and 
overlap operations on the final audio quality may often be 
neglected. Furthermore, many calculations done in the 
decoder are performed on values which are already heav-
ily quantized. As several authors suggest [2, 16, 17, 18], 
only those computational procedures which accumulate 
many sample values are mostly sensitive to finite word 
length representation, due to possible accumulation of 
single rounding errors. Recursive algorithms and block-
based data transformations are most prominent examples 
of such procedures. Therefore, filterbank and prediction 
tools of the AAC technique are of our prime interest.  

In this paper we are dealing with the inverse DCT al-
gorithm that computes an overlapping block of output 
samples x(n) from the reconstructed spectral data (the 
coefficients of the cosine transform, X(k)) according to 
the formula (1). 
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      (1) 
Several fast implementations of this transformation have 
been proposed [11,12,13], the IMDCT may be also calcu-
lated using an FFT algorithm [14, 15]. The effects of 
rounding errors in fast transformation implementations 
have been studied by many researchers [16,17,18]. It has 
to be stressed that compared to computationally ineffi-
cient (naïve) direct evaluation of (1), fast multi-step algo-
rithms are more affected by the accumulation of rounding 
errors with ∆ ~ o(ε log2N). In the AAC technique, two 
lengths of the transform are used: N=256 and N=2048. 
Since longer transform blocks are related to longer accu-
mulation cycles, we are mostly interested in the case of 
N=2048. 

III. STATISTICAL PROPERTIES  
OF ENCODED AUDIO DATA AND THEIR IMPLICATIONS 

In order to reliably predict the effects of rounding on 
the spectral data and the intermediate values within the 
IMDCT computation, the statistical distributions of the 
coefficients in various encoded audio samples have been 
studied. Representative commercial recordings of various 
musical genres (classical, jazz, rock, disco and hip-hop) 
and spoken word have been analyzed in the MDCT do-
main. 

Statistical distributions of the coefficient absolute val-
ues within the analyzed recordings are compared in fig. 1 
(in linear scale) and fig. 2 (in log-log scale). As it may be 
clearly seen, while the real dynamic range used is 140 dB, 
the majority of coefficients is distributed within the range 
of 10-2...103, with a peak depending on the character of 
the music. This tendency reflects the dynamic shaping 
applied to commercial recordings at the stage of master-
ing. While pop, rock, and dance music is often mastered 

as loud as possible (with strong dynamic compression 
resulting in more coefficients reaching high magnitudes), 
jazz and classical recordings are more often preserved in 
their natural dynamics which results in more low energy 
components. The lower coefficient magnitude the more it 
is sensitive to distortion resulting from rounding due to 
finite word length. Therefore music recordings with high 
dynamic range (and majority of coefficient occupying 
little magnitudes) is more prone to audible artifacts of 
inaccurate arithmetics.  
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Fig. 1: Histograms of MDCT coefficient magnitudes in various au-

dio recordings of different music genres. 
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Fig. 2: Histograms of MDCT coefficients in log-log scale. 
 
In practice, in order to avoid clipping distortions, mag-

nitudes up to 104 should be allowed in the arithmetic 
system, which calls for 14 bits before the radix point in 
fixed point system, or at least 4-bit exponent in floating 
point system. 

 
Many implementations of FFT and FFT-like MDCT 

algorithms use intermediate scaling between the stages of 
butterfly calculations [19]. It is also interesting, whether 
additional pre-scaling may be applied to different fre-
quency ranges (octave bands in case of decimation-in-
frequency algorithms) in order to exploit their decreasing 
magnitudes at higher frequencies. Figure 3 shows maxi-
mum magnitudes of all transform coefficients observed at 
given frequency, as a function of the coefficient number. 
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Fig. 3: Spectral distribution of maximum DCT coefficient magnitudes in 
various music recordings. 

A significant tendency of decreasing the maximum co-
efficient magnitude as a function of growing frequency 
may be observed for all kinds of recordings. This general 
rule is also a result of a common mastering practice in the 
recording industry, wherein deep multiband dynamic 
compression of commercial recordings results in "eve-
ning" the power density spectrum towards pink noise. 
The conclusion is that additional pre-scaling of √2 per 
each growing octave band may be applied to the coeffi-
cients in order to increase the precision at higher frequen-
cies and reduce potential high-frequency hiss resulting 
from rounding noise. Certainly, this pre-scaling should be 
compensated for at the IMDCT stage. 

IV. THE EFFECTS OF ROUNDING IN THE IMDCT CORE 
– REAL WORLD CASE STUDY 

A number of simulations has been performed with a 
broad range of encoded audio recordings in order to in-
vestigate the influence of rounding noise within the 
IMDCT on the final output quality. A comparison has 
been done between exactly reconstructed signal and a 
signal obtained from fixed point system with different 
accuracy resulting from the number of bits devoted to the 
fractional part. Figure 4 shows, how the average SNR 
(exclusively related to rounding-imposed noise) depends 
on the number of bits in DCT coefficients and all inter-
mediate values. In this series of experiments, the accu-
racy of the cosine twiddle factors was limited to 16 bits. 
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Fig. 4: Rounding noise in IMDCT computation: average SNR versus the 
number of bits representing the fractional part in DCT coefficients. 

It can be easily concluded from figure 4 that there is no 
advantage in increasing the fractional part over 8 bits, 
regardless of the signal properties.  

The second series of experiments shows, how signifi-
cant is the accuracy of cosine twiddle factors within fast 
MDCT algorithm (fig. 5). The transform coefficients are 
represented here with the fractional part limited to 8 bits. 
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Fig. 5: The rounding noise versus the accuracy of twiddle factors em-
ployed in the fast IMDCT algorithms 

The obtained results indicate, that 16-bit accuracy is 
sufficient to prevent the rounding noise from being audi-
ble at all. Even by 8-bit resolution the output quality may 
be reasonable for some low-end consumer applications. 

 
The general conclusion is that a high quality decoder 

may be realized using 24-bit fixed point system with 
careful scaling of the coefficients and intermediate re-
sults. When using a simulated floating point system, an 8-
bit mantissa and 4-bit exponent are sufficient for achiev-
ing similar performance, therefore an affordable good 
quality decoder is realizable using a 16-bit general pur-
pose processor or a DSP. 

For the range of applications considered in this paper, 
especially low cost portable audio devices, the lossy 
coding applied to the music introduces often audible 
artifacts. These artifacts together with disturbing street 
noise invalidate some claims regarding high SNR deliv-
ered to the listener by portable HiFi devices. Signal to 
noise ratio of 60-80 dB offered by IMDCT core of re-
duced accuracy (all coefficients and intermediate results 
rounded to integer values, no bits reserved for the frac-
tional part, cf fig. 4) is still an attractive option for many 
listeners. In fact, in our tests the difference between full 
resolution floating point decoder output and the signal 
obtained from a worst-case fixed point decoder (0 bits for 
fractional part) was barely audible. This surprising obser-
vation is partially explained by the fact that the rounding 
noise is also being masked by the spectral components of 
the signal.  

V. CONCLUSIONS 

The paper deals with low cost applications of MPEG-2 
AAC decoding in portable music players and other popu-
lar devices. Possible implementations of inverse discrete 
cosine transform using finite word length are investigated 



through statistical analysis of real-world encoded data. It 
has been shown that conservative margins regarding the 
dynamic range and rounding accuracy may often be re-
duced and good accuracy may be achieved using 16-bit 
floating point arithmetics. For non-demanding consumer 
applications, even fixed point or integer-valued computa-
tions with 16-bit accuracy are sufficient, and thus many 
inexpensive and low-power decoders may be imple-
mented. 
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