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In this paper we point out that the general principle "do not com­
pute what you do not need to compute" can be applied easily and 
successfully within a MPEG audio decoding strategy. More specif­
ically, we will discuss the problem of eliminating costly compu­
tation cycles being wasted at processing useless zero-valued data. 
Hence, the title: "do not zero-pute". At first, this may all sound 
somewhat obvious or trivial. Indeed, this can be tme in many cases, 
but experience gathered in various teaching related projects dur­
ing several academic years has also lead us to believe the opposite. 
Moreover, a survey of the existing literahl!"e quickly reveals that 
the approach discussed below has not been investigated and docu­
mented properly. Although we will only illustrate our optimization 
approach by discussing the MPEG-audio layer II decoding process 
in detail, we hope the reader will be able to apply, extend, and 
implement the basic principles presented here within many other 
applications. 
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1. INTRODUCTION 
Generally speaking, multimedia standards are commonly based 

on some type of frame based "syntax", i.e., a repetitive and con­
ditionally templated data strnchU"e that can be used to describe an 
encoded bit stream. Typically, the body of a multimedia bit stream 
frame contains a set of"control bits" that indicate how the remain­
ing set of condensed information bits are to be processed further. 
By decoding and interpreting the control bits one typically arrives 
at an array of data that needs to undergo some further signal pro­
cessing procedure, e.g., a subband audio reconstrnction filtering 
procedure, or a JPEG 2D- or audio M-DCT, etc. This signal re­
consm1ction process is most often responsible for the larger part of 
the computational complexity of the entire decoding process. Obvi­
ously, many excellent optimization strategies have been devised in 
order to arrive at various memo1y and/or computationally efficient 
implementations of several specific algorithms. Unfortunately, op­
timizing some of the basic algorithms typically involves designing 
and implementing more complex control logic. Very often this may 
not yield any real problem, but in some cases a straight-forward 
search for concephially more simple optimizations, i.e., in our case 
the zero-pure paradigm, may also yield some very interesting re­
sults that can also be combined with other more complex optimiza­
tions. 

Up to this point, we, and many other authors with us, have in1-
plicitly assumed that signal processing algorithms are always op­
erating on a fixed-width array of meaningful data. In principle, 
this assumption would make the data stmctures and the many ftmc­
tions that may depend upon them, simple and efficient to be im­
plemented. However, in many sihiations a relatively large part of 
the data struch1res may not contain any real or useful decoded data, 
e.g., large chunks of the array may be zero-filled (by default, or 
even by an inefficient encoder!). Obviously, it makes no sense to 
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drag along, e.g., multiply and/or add, this zero-valued data; one 
should tty to remove this data from the computational process as 
early as possible: do not zero-pure. 
It is important to note that the zero-pute reduction strategy has al­
ready been experimentally implemented and used for various ap­
plications, e.g. in [l] and [2]; an important goal of this paper is to 
return some renewed, more complete, and more formal attention to 
this optimization principle. Despite the emphasis of this paper on 
formal results, a package containing the source code implement­
ing all techniques and formulas discussed below is freely available 
from the main author. Preliminary simulation results on a 200 Mhz 
Pentium MMX processor have already confirmed the more formal 
results reported below. 

Let us now illustrate how we can apply the zero-pute reduction 
strategy within the implementation of an optimized MPEG-audio 
decoder. Note that while several excellent papers have documented 
important optimizations for building efficient decoders, the issues 
discussed below seem never to have been reported on fully. 
Additionally, please note that although we will focus on a layer II 
decoder, layer I and layer III, a.k.a. "MP3", also require the sub­
band synthesis filtering step discussed below. The layer II standard 
is a crucial component of the DAB (Digital Audio Broadcasting) 
standard. 

2. MPEG-AUDIO LAYER II DECODING 
The MPEG layer II audio coding scheme operates by represent -

ing the input audio signal as bit stream encoded sets of samples 
of 32 equally spaced sub band signals. Figure 1 illustt·ates the gen­
eral layer II syntax layout. Each frame encodes 1152 samples. The 
header encodes synchronization and general parameter information 
(mono/stereo/dual channel, bit rate, sampling frequency, etc.) . The 
CRC provides optional error detection. The bit allocation infor­
mation (BIT ALLOC) points out which subband signals have been 
encoded and indicates their respective quantization accuracy. The 
scale factor side information (SCFSI) indicates how many scale 
factors (SCALEFAC) are encoded. The scale factors are used to 
rescale the normalized and quantized samples to their original value 
range. The ANC field can be used to fill up the frame size to its 
appropriate length, or to encode other "user defined" information 
(e.g. song information etc.). At the encoder side, compression is 
achieved by using a so-called psycho-acoustical model that enables 
the bit allocation routine to roughly quantize, or even remove, the 
signal components that are less relevant perceptually. An excellent 
tutorial on MPEG-audio coding can be found in (3]. 

Let us now consider the decoder side. For each multirate filtering 
step at time t , the basic ISO synthesis subband filtering algorithm 
starts with M = 32 subband samples extracted from the encoded 
bit stream syntax, i.e., Ssb[i;t], i = 0, 1, .. . ,M - 1, and produces 
M PCM audio output samples; SpcmU; t], j = 0, 1, .. . ,M- 1. First, 
the intermediate IPQMF (inverse polyphase quadrature mirror filter 
bank) vector V[i;t] is shifted over 2M memo1y positions according 
to: V[i;t]=V(i-2M;t-1], for i = 2PM-1,2PM-2 , ... , 2Mwith 
P = N / M = 16 and N = 512 the length of the prototype filter win­
dow. Then, the basic MPEG audio matrixing operation (6] is cal­
culated: 

M - 1 

V(i;t] = kfu, Ssb[k;t] cos(TT(2k+ l)(M/ 2+i)/2M), (1) 

for i=0, 1, . .. , 21\1-l. 
A JV-value intermediate vector U[i;t] can then be built using both 
U(2Mk+l;t]=V(4Mk+l;t], U [2Mk+M+l;t]=V(4Mk+3M+l;t], 
fork= 0, 1, ... ,P/ 2-1 , and l = 0, 1, . .. ,M-1. Finally, the so-
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called windowing component computes M new PCM audio output 
samples, i.e., Spcm[i;t] = I.; -01 U[j +Mi;t] D [j +Mi), j=0, 1, ... , 
M-1, in which the values D are the N synthesis window coeffi­
cients (see Table B.3 in [ 61). This algorithm req11ires 2M2 + JvfP = 
2560 multiplications and 2M(M- 1) + M(P- l ) = 2464 additions. 
Obviously, several optimizations can be used to realize important 
speed-ups ofEq. ( 1 ), but this always involves more complex control 
logic. This will be discussed further below; see Eq. (4). 

3. STATIC CUT-OFF OPTIMIZATIONS 
Now, examining several layer II encoded bit streams easily re­

veals that any real bit stream normally does not contain meaningful 
samples for all 32 subbands. Let us investigate this in somewhat 
more detail. 

While the standard was being drafted, it became clear that ( at 
low bit rates) high frequency subbands would rarely (need to) be 
encoded. Hence, the standard contains a set of tables that specify a 
hard subband cut-off index for each possible combination of the au­
dio sampling rate and the encoded bit rate; e.g. at 32 kbit/s encoder 
output for a CD-quality 44.1 kHz audio input, the subband cut-off 
index is 8; see Table B2.c in [ 6]. The cut-off index is called the 
subbandlimit ("sblimi t " in [6]); no subbands above it are allowed 
to be encoded. We will call this behavior "static" or "sblimit cut­
off''. 
A simple standard decoder will zero-fill any subband sample values 
above the cut-off index, and use Eq. (1) with its full subband range 
to reconstruct the audio signal. Hence, ifwe drop this zero-valued 
subband range and reformulate Eq. (!) as 

sblimi't- 1 

V[i;t] = k Ssb[k;t] cos(TT(2k+ l )(M/ 2 +i)/2M) (2) 

we can realize an impo1tant optin'lization. 
Table 1 indicates the static subbandlimit cut-offs defined within the 
MPEG-1 standard and the worst-case computational complexity of 
the subband synthesis matrixing procedure based on Eq. (2). You 
can compare these results with the 2M2 = 2048 multiplications and 
the 2M(M - 1) = 1984 additions of Eq. ( 1 ). 

4. DYNAMIC CUT-OFF OPTIMIZATIONS 
Next, even if we consider these predefined cut-offs, a normal 

encoder will still choose to allocate most of the bits to the subbands 
(well) belo,v the hard cut-off index. This is due to the perceptual 
prope1ties of the human hearing system that are modeled in the 
psycho-acoustic component of the encoder. Hence, some subbands 
will not be assigned any quantization bits, and many zero-valued 
BIT ALLOC vahie.s, see Fig. 1, will be encoded. If a simple syntax 
decoding algorithm would again be used, all subband sample values 
for each of these zero-allocated subbands, would be set to zero, and 
the output of the standard synthesis filter would be computed using 
Eq. ( 1). Again, this would be highly inefficient. Using Eq. (2) 
we can improve upon this situation, but even then we can easily 
do better: for each decoded frame, we can determine the largest 
subband index that has been assigned any quantization bits and use 
this index as a new subband cut-off index; i.e, we can use the simple 
algorithm 
/ * determine alloc cut, i .e . locate Y!=O i n: */ 
/ * xxxxxxxY0<-00 . . ~00 BIT ~.LLOCat i on array */ 
for (chan i =O; chan i < stereo; chan it+) { 

for (j pds = sblimit; j pds > 0; j- pds--) 
if- (bit alloc [chan i ) [j pds] !::; OJ break; 

alloc cut [chan i ] = ++J pds; / * i ncrement :*/ 
/ * so-we can use"< alloc cut" test ing elsewhere */ 
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HEADER CRC BIT ALLOC SCFSI SCALEFAC QUANT. SUBBAND SAMPLES ANC 

Figure 1: MPEG-1 syntax structure (layer II). 

Table 1: Upper limits for the MPEG layer II subband synthesis computational complexity using the proposed static-sblimit cut-off 
optimization approach 

ISO standard Table B.2a 
sblimit 27 

max. complex. x 1728 
max. complex. + 1664 

and an adapted formula 

alloc_cutc- 1 

V[i;t] = k Ssb[k;t] cos(TT(2k+ l)(M/ 2 + i)/ 2Af) (3) 

to realize another speed-up. Note that due to their simplicity nei­
ther the cut-off determination algorithm, nor the adapted formula, 
introduce any real additional complexity. 

Obviously, this cut-off for a specific frame at a given instance in 
the bit stream will va1y, and depend on the perceptual content of 
that frame. Hence, we will call this behavior "dynamic cut-off''. 

5. INITIAL OPTIMIZATION RESULTS 
Table 2 illustrates some average decoded cut-off subband in­

dexes, i.e., µ[alloc_cut], determined by decoding an example au­
dio bit stream using an adapted version of the pseudo code given 
above and the ISO codec (coder-decoder) from (7]. The computa­
tion of the values V[i;t] in Eq. (3) requires 2Malloc_cut multipli­
cations and 2M( alloc_cut - l) additions; Table 2 also indicates 
the complexity computed using the average (overall frames) for the 
dynamic cut-off values and the corresponding static cut-off results. 
Again, please note that Eq. ( l) required 2M2 = 2048 multiplica­
tions and the 2M(M - l) = 1984 additions. Despite the conceptual 
and mathematical simplicity of these proposed optimizations they 
are most often glanced over. Instead, significantly more complex 
optimization strategies are often pursued. These more complicated 
optimization strategies will yield impo1tant improvements in terms 
of computational complexity, but they can do so only by also sig­
nificantly increasing the time needed to smdy, program, verify and 
test their required adaptations ! 

6. COMBINATION WITH ADVANCED 
OPTIMIZATION STRATEGIES 

Let us now investigate the cut-off optimizations discussed above 
and show that it can still be combined with more complex existing 
optimizations. As already indicated earlier, in real-life situations 
it can be inefficient to implement the rnatrixing procedure as for­
mulated in all three equations given above; it is a well-known fact 
that Eq. ( l) can be simplified based on the properties of the cosine­
function; see also [ 4 ], and [ 5]. 

If, for I = 0, 1, .. . ,M/ 2- 1, we Jet the values SDS (Sum/Differ­
ence Symmet!y) reflect the symmeny due to the factor (2k + l ) in 
the cosine argument of Eq. ( l ), one can easily deduce that with 
the values SDSo[l;t] = Ssb[l;t] +Ssb[M- l -/;i] and SDS1 [l;t] = 

Table B.2b Table B.2b Table B.2d 
30 8 12 

1920 512 768 
1856 448 704 
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Ssb[l;t] -Ssb[M- l -/;t], we can also use 

M/ 2- 1 TT M 
V[i;t]= fri SDS(imodl)[k;t]cos(

2
M(2k+l )(2 +i)) 

with {V[i;t] =-V[M-i;t], i =0, l , ... ,M/ 2 -1} , 
{V[M + i;t] = V [2M - i;t], i = 1,2, .. . ,M /2- l }, (4) 
V[M/2;t] = 0, and 

M/ 2- 1 

V[3M/ 2;t] = - k SDSo[k;t] , 

to implement the subband matrixing procedure. These partially op­
timized matrixing formulas require only (M - l )M/ 2 = 496 mul­
tiplications and M + (M/ 2-l)(M-l) + (M/2-1) = JvP/2 = 512 
additions to compute the V[i;t] matrixing results. Please note that, 
as already indicated above, using these existing optimizations re­
quires a considerable increase in the amount of computational con­
trol and sequencing logic (further optimization would increase this 
even more so). 

Now, implementing the proposed zero-pute reduction and cut-off 
principles within Eq. (4) means that first we have to discriminate 
between two cases (with M/ 2 - l = 15): 

I. M 2 alloc_cut > M/ 2: in this case we can only realize 
an adaptation of the SDS computation in which we can omit 
some additions and subtractions; i.e. SDS0 [m; t] = SDS1 [m; t] 
= Ssb[m;t] form= 0, ... ,J\,1 - alloc_cut - 1, and form= 
(M-alloc_cut) , . .. ,M/ 2-1 nothing changes, i.e., we can 
use the original SDS formulas given above. Thus, the ma­
trixing process then requires only (M - l )M/ 2 = 496 multi­
plications and M-2(M-alloc_cut) + (M/ 2-l)(M-1) + 
(M/ 2-1) = 448 + 2 alloc_cut additions. 

2. alloc_cut S: M/ 2: first, note that the SDS values no longer 
need to be computed, i.e., SDSo[m;t] =SDS1 [m;t] =Ssb[m;t]. 
Next, we can adapt the formulas for V[i; t] and V[3M / 2; t] to 
only iterate their index k from 0 to alloc_cut - 1. This re­
duces the computational complexity to (M- 1 )alloc_cut = 
31 alloc_cut multiplications, and (M- 1) ( alloc_cut - 1) 
+ ( alloc_cut - l ) = 32( alloc_cut - l ) additions. 

Although these optimizations only yield a relatively small im­
provement when compared to the adaptation from Eq. ( 1) to Eq. ( 4), 
they are certainly still worth the minor increase in complexity they 
require, especially for the lower bit rate range. 
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Table 2: Static-sblimi t and average dynamic-µ[alloc_cut ] subband cut-off index and computational complexity as a function of the 
bit rate (song: U2: "40", fs = 44.1 kHz, 6123 frames, data shown here: channel O only, encoder used: lsf, psycho-acoustic model 2). 

sblimit µ[alloc_cut] average complex. x average complex. + 
sblimit alloc_cut sblimit alloc_cut 

64 kbit/s 8 7,9 
128 kbit/s 27 18,3 
256 kbit/s 30 20,7 

7. ADDITIONAL ADVANTAGES AND 
FUTURE WORK 

Additionally, it is important to note that the cut-off optimiza­
tions discussed above always yield a scalable algorithm. If, e.g., 
the computational load would be too high to meet any real-time 
decoding deadlines, or if a system over-heating or low-battery con­
dition would be detected, the subband cut-off parameter could be 
gradually adapted by forceably decrementing alloc_cut. The sys­
tem would certainly still degrade down-to a level of unacceptable 
behavior, but it would do so using a near continuous and soft degra­
dation curve that makes these algorithms an ideal solution for vari­
ous sin1ations, e.g. in portable devices. 

As a final extension, one could also look for zero-allocated sub­
bands within the subband index range [0, .. . ,alloc_cut] as deter­
mined above. Note that this approach would require another in­
crease in complexity (due to an index-dependent computation pro­
cess that can only be implemented efficiently within a more com­
plex hardware-based solution). An interesting and probably even 
more popular extension can also be realized within layer III of the 
MPEG standard: we are currently studying how to apply the zero­
pute reduction principle to the layer III aliasing, windowing and 
MDCT computation process. 

8. CONCLUSIONS 
In this paper we have discussed how using the seemingly sun­

pie "do not zero-pute" design principle, important optimizations 
and design alternatives can be studied or used to realize efficient 
MPEG-audio layer II decoders. We proposed both a static strategy 
that could be hard-coded into an actual decoder implementation 
and a dynamic or "signal adaptive approach" that can realize even 
better speed-up and/or power-saving results. Both strategies can 
be combined with a well-known and ve1y important existing opti­
mization strategy, and the scalability of the algorithm was pointed 
out. The results reported here are also useful for devising efficient 
layer III (MP3) subband signal synthesis schemes, but these and 
several other adaptations are currently being studied further. Fi­
nally, incremental to (7], a package containing the source code for 
implementing all techniques and formulas discussed above is freely 
available from the main author. 
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