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Abstract— In recentyears, several commercial system-on-chip
solutions for MP3 decoding have been developed. They are
usually built around a specialised RISC processor with an
instruction set suitable for MPEG audio decoding. The purpose
of this project is to evaluate and implement the differ ent parts
of the MP3 decoding without using a processorcore. Instead,
small hardware acceleratorsare implemented for each stage in
the decodingchain. Using specialisedlogic could lower the power
consumptionthat is of most importance in handheld devices.The
implementation is based on Thomas Lenarts C-code for MP3
decoding.

I . INTRODUCTION

DURING the last yearsthe usageof the MPEG-1 layer-
III (mp3) audiocodechasexploded,anda large part of

the global bandwidthconsumedis usedfor transferringlayer-
III compressedaudiodata,or in casuallanguage”mp3 �les”.
During the �rst years of widespreadmp3 usage,software
decoderswere the most common,but during the last couple
of yearsportableand other stand-aloneplayershave gained
in popularity. Particularly in hand held devices dedicated
hardwarefor acceleratingthe mp3-decodingprocess,in terms
of clock cycles and power usage,is important. This report
describesan attempt to createan ef�cient dedicatedmp3-
decoderin hardware.

I I . FUNCTIONALITY

The input to the MP3 decoder is a bitstream and the
decodingprocessturns this into sampleswhich are sent to
a DAC1 add-on board. The MP3 stream is divided into
frameswhereeachframe contains27 ms of music data.The
decodingprocesscanbe divided into six blocksandtheseare
implementedindependentfrom eachother.

The�rst three,huffmandecoding, requantizeandreordering
convert the original MP3 bitstreaminto 576 frequency lines
dividedinto 32 subbandswith 18 frequency linesin each.This
is the format which the last three blocks antialias, IMDCT
and �lterbank use. These blocks transform the MP3 from
the frequency domaininto the time domain.A more in-depth
descriptionof the decodingprocessaswell asmp3 encoding
canbe found in [1] and [2].

The designpresentedhere has a couple of limitations. It
doesnot do stereodecoding,so the output is a mono signal
mixed into both channels.Furthermoreit does not handle
mixed blockscorrectly. Both of theseare limitations that can
be recti�ed later.

1Digital to analogconverter.

A. Huffman

The task of the huffman decoderis to transformincoming
compresseddata into scalefactorsand symbols representing
the576original frequency lines.Thescalefactorsarethenused
in thenext block (therequantizerblock) to rescalethesymbols
into non-scaledfrequency lines. The information about how
to createthesesymbolsand scalefactorsis found in the side
informationpart of the MP3 frame.

The decodercomparesthe input sequencewith information
in the Huffman table and producesa symbol when a match
is found. Information on what table to use for any given
frame is found in the framesside information. Output from
the Huffman decoderis 576 scaledfrequency lines (symbols)
which aredivided into threepartitions:

� Big-valuescontain the lowest frequency lines and are
coded with the highest precision.Normally the scaled
valueis between-15 and15, but higherprecisioncanbe
obtainedby usinganescapesequence.Whenthedecoder
�nds the value 15 it assumesthat higher precision is
neededand readsadditionalbits from the input stream.
This valueis thenaddedto the original valueof 15. The
numberof bits is speci�ed in the Huffman tableandare
called linbits.

� Count1 representsthe higher frequency lines and does
not needthe high precision,they are simply codedwith
the values1, 0 and-1.

� Rzero representsthe highestfrequency lines. They have
simply beenremoved by the encoder. Thesevaluesare
�lled with zerosby the decoder.

The boundariesof the partitions are speci�ed in the side
information.

B. Requantize

The Requantizerblock rescalesHuffman decodedscaled
and quantizedfrequency lines. The result from the Requan-
tizer is the original frequency lines. The completedescaling
equationsfor both short (equation1) and long (equation2)
blocks are presentedbelow. What equationsto use depends
on thewindowing function usedin the encodingprocess.The
Huffmandecodedvalueat index i is is(i), the outputfrom the
Requantizerblock at index i is xr(i).

xr i = sign(is i ) � jis i j
4
3 � 2

1
4 ( global gain [gr ]� 210) �

�2� 2� subblock gain [w indow ][ gr ] �

�2� scalef ac multiplier � scalef ac s[gr ][ ch ][ sf b][ w indow ] (1)

xr i = sign(is i ) � jis i j
4
3 � 2

1
4 ( global gain [gr ]� 210) �

�2� scalef ac multiplier � scalef ac l [sf b][ ch ][ gr ] �

�2� pr ef lag [gr ]� pr etab [sf b] (2)
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Scalefactorsscalefacs and scalefacl usedby Requantizer
areprovidedby theHuffmandecoder. The frequency lines for
long and short blocksare divided into 23 and 13 scalefactor
bands for each window respectively, each scalefactor band
having it' s own scalefactor.

The other parameterssuch as global gain, subblock gain
and pre�ag can be found in the frame information provided
by the Synchronizerblock.

The requantizationstep must be performedonce for each
frequency line in the bitstream.

C. Reordering

The reorderblock has one task; it reordersthe frequency
lines within a granule.The way that the frequency lines are
reordereddependson �ags in the side informationheader.

The block works in threedifferentways dependingon the
side informationheader. (Only supportfor MP3 streamswith
44.1 kHz samplefrequency is implemented.)

� All frequenctlines arereordered.
� Only frequency lines after after line number 36 are

reordered.
� No frequency lines are reordered.

D. Antialias

The antialiasblock attemptsto reducethe inevitable alias
effects introducedby the use of a non-idealbandpass�lter .
This reductionis doneby merging frequenciesusingbutter�y
calculationsasseenin �gure 1.

... ..................
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Fig. 1. Antialias butter¯ies

E. IMDCT

InverseModi�ed DiscreteCosineTransform,IMDCT, re-
produces,in cooperationwith the synthesispolyphase�lter -
bank,time samplesfrom frequency lines.Giventhe frequency

lines X k , time samplesx i can be obtained by using the
following equation:

x i =
n= 2� 1X

k =0

X k cos(
�
2n

(2i + 1 + n=2)(2k + 1)); 0 � i < n (3)

In our casen = 36, which meansthat the IMDCT takes
as input 18 frequency lines and generates36 polyphase�lter
sub-bandsamples.Thesesamplesare multiplied with a 36-
point window beforethey can be passedon to the next step
in the decodingprocess.Windowing containsfour different
types of windows, the types are normal, short, start and
stop. Information on what type to use is found in the side
information part of eachframe. Dependingon window type
two different implementationsareused.

Producing36 samplesfrom 18 frequency lines meansthat
only 18 of the samplesareunique.ThereforeIMDCT is said
to use a 50% overlap. The 36 values from the windowing
operationaredividedinto two groups,a low groupanda high
group,containing18 valueseach.Overlappingis carriedout
by interleaving (adding) values from the lower group with
correspondingvaluesfrom thehighergroupfrom theprevious
frame.

Generalview of the “operation�o w” is shown in �gure 2.

Fig. 2. IMDCT operation¯ow

The entire cosineterm for eachoutput can be treatedas
a known constantfactor basedon the combinationof i and
k, in equation3. Someinvestigationof thesetermsshows a
symmetrybetweenthedifferentx i . Only half of thevaluesare
uniquely determined.The rest can be obtainedas a function
of the previously calculatedterms.The following symmetry
holds:

x i = � xn= 2� i � 1; i = 0 : : : n=4 � 1 (4)

and
x i = x3n= 2� i � 1; i = n=2: : : 3n=4 � 1 (5)

Thereforecalculatingthe �rst quarterand the third quarter
of all valueswill be enoughto determinethe entireset.
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Anotheroptimizationwasachievedby merging calculations
of IMDCT-values with the subsequentwindowing into one
single multiplication step,when short windowing was used.
It was also noticed that a numberof calculationscould be
omitted becauseseveral multiplications containedthe factor
zero.

F. Filterbank

The synthesispolyphase�lterbank is the �nal step in the
decodingprocess.It exploits aliasingandwindowing to move
the subbandsback into their frequency domain origins. The
processis naturally divided in two parts,an MDCT part for
translatingthe aliasedsubbandsignals,anda windowing part
to �lter out the undesiredaliasingin the translatedsignal.

1) Modi�ed discrete cosine transform: The sub-samples
from the transposeblock are orderedis sucha way that the
32 �rst valuesarethe �rst sub-samplefrom eachsubband,the
next 32 are the secondsub-sampleand so forth. The MDCT
processes32 valuesat a time using the following equations:

Yi =
31X

k=0

N ik � Sk (6)

N ik = cos(
�

2 � 32
(16 + i )(2 � k + 1)) (7)

The outputvaluesYi arestoredin a barrelshifter.

2) Windowing: Multiplying the values from the barrel
shifter with the window function, speci�ed in the ISO stan-
dard. 32 PCM samplesare computedeach iteration. The
MDCT and windowing are performed 18 times for each
granule,resulting in 576 PCM samples,i.e. 27 ms at 44.1
KHz.

I I I . ARCHITECTURE

Thetargethardwareof theprojectis a Virtex-II 1000FPGA
manufacturedby Xilinx. TheFPGAfeatures5120logic slices
and40 pairsof one18x18-bitmultiplier andoneBlock Select
RAM macro2. Thoughhardwareresourceswereplenty it was
decidedearly during the project that hardwareusehad to be
kept on a realistic level.

By dividing the decodingprocessinto blocks which run
sequentiallyit is easy to sharecommon resources.In this
designthe main memory containingthe frequency data and
the 32-bit multipliers areshared.

The memory is put into two Block Select RAMs and it
is the huffman decoderwhich �lls it with data.The control
to readand write to this block is then given to the currently
active block, so the blockswhich are inactive arenot able to
do anything with the main memory.

Furthermoremany of the blocks usemultiplicationsin the
decodingprocess.Thesemultiplicationsare32x32-bitandare
madeby joining a total of 4 18x18-bit multipliers into one.

2Therearelimitationson how onesuchpair is used.Someof thewiresare
shared.It is not possibleto useboth the multiplier andBSR at 18-bit length
at the sametime.

Sincethere is a limited numberof multiplier and BSR pairs
it wasdecidedto alsosharethemultiplier betweentheblocks
in the sameway as the main memory.

A. Huffman

The Huffman decoder uses a number of tables in the
decodingprocess.Therearea total of 4 tableswith constants
and 32 additional Huffman tables.The �rst decision to be
madewaswhich of theseto leave hardcodedinto the chip as
constantvaluesandwhich to put in Block SelectRAM.

As it turns out the four tableswith constantsare all quite
small. The largestof themis 690 bits andcanthusbe placed
on thechipasconstantswithout takinga lot of space.Thisalso
cutsdown on localaccessesto memorywhichmakestheblock
run smoother. TheHuffmantablesarehugein comparison(the
largestis 8176bits), and thereare 32 tablesto store.Thus it
was decidedthat the Huffman tablesshould be placedin a
Block SelectRAM.

The decoderworks by readinga variable numberof bits
from the input streamand decodingtheseas a block. The
numberof bits to be read in every step can vary anywhere
from 0 to 13 bits, but accessto memory is only possiblein
8 bit words.This meansthat if 13 bits are to be readtwo or
three readsfrom the input streamwould be neededcausing
the decoderto stall. To reducethe numberof readsonebyte
is always prefetchedfrom the input streamso that thereare
between9 and16 bits availablefrom the streamat any given
time (dependingon how many bits werereadin the previous
step).If 13 bits areto bereadit canoftenbedonein oneread
(two readsin the worst-casescenario).

The total numberof Huffman tablesaccordingto the ISO-
speci�cation is 32, but the actualnumberof tablesstoredis
17. This is due to the fact that tablesnumber16 to 23 are
the sameand so are tablesnumber24 to 31. Also, one table
hasbeenomittedsinceits only task is to invert bits from the
input stream.Insteadthis specialcaseis detectedandtreated
separately.

Therepresentationof theHuffmantablesis not speci�ed in
theISO-speci�cation,but it canbeviewedasatree-like lookup
tablethat is processedfrom the root. The input sequencetells
thedecoderwhich branchto take andbits arecontinuallyread
from theinput streamuntil thereareno morebranchesto take.

The interestedreadermight want to know what the states
of the decoderlook like. For this reason�gure 3 has been
included.

B. Requantize

TheRequatizerhasbeenpartitionedinto a numberof blocks
for parallelizingthe processascanbe seenin the �gure 4.

The requantizeblock is the higheststagein the hierarchy
interfacing with the Controller, the main memory and the
Huffman decoderand retrieves the necessarydata from the
frameheaderandside information.The statemachinefor the
requantizecanbe seenin the �gure 5.

The �rst stepof the requantizationprocessis to calculate
jis j

4
3 . The calculationof numbersraisedto the power of 4

3 is
computationallyexpensive to implement.Oneway to improve
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Fig. 3. Figureshowing all statesin the decoder. The stateCALC SF3only
differs from CALC SF2in that it is initialized differently, so thereis actually
no CALC SF3statein the decoder. It is still shown in the®gureso that there
would be no confusionas to why there is no CALC SF3. In most statesa
numberof bits have to beread.This is donein theGET BITS state,but since
the®gurewould becomeoverly clutteredif this statewasincludedit hasbeen
omitted.

requantize

counter divider_win gain_
correction shifter table_

look_up

table_
requantize

Huffman
decoder Controller Main 

Memory

Requantizer

Fig. 4. The architectureof the Requantizer. Communicationbetweenthe
blockswithin theRequantizeris shown with blacklines.Communicationwith
the externalblocks is shown with dashedlines.

the performanceis to usea look-up table containingall the
8192possibleinput values.A look-uptableis fastbut requires
approximately256 kbits of memoryspace.The computation
hasbeendivided in two cases,so thesizeof the look-up table
hasbeenreducedto 32 kbits.

Case1: If is(i) is lessthan1024,the resultcandirectly be
found in the look-up table;

Case2: If is(i) is greaterthan or equalto 1024, the value
is �rst divided by 8. The result from the look-up tableis then
multiplied by 16. This is possiblebecauseof the relation in
the equation8.

jis i j
4
3 = 16� j

is i

8
j

4
3 (8)

The block performing the look-up is called table look up.
The tableis storedin Block SelectRAM andis includedasa
part of the initialized datasection.

Idle

B_type Adjust

Block_info

Calc

Gain_corrShift

RAM

counter < 576

counter = 576

start = 1

if xr = 0

Fig. 5. Statemachinefor the requantize

A separatefrequency line counter block hasbeencreated
to provide the requantizeblock with the information about
what frequency line that is beingrequantizedat the time. The
total amountof frequency lines per frame is 576. When the
counterhasbecome576 the readysignal for the Requantizer
is generated.

The divider win block has beencreatedfor a simple and
fast window calculation.Therecan be totally threewindows
in a shortblock.

The shifter is usedfor multiplying (sign(is i )jis i j
4
3 ) with

2
1
4 �C . Theequationsfor factorC canbeseenbelow. Equation9

is used for calculationof short blocks and equation10 for
calculationof long blocks. The factor C is pre-calculatedin
the requantizeblock.

C = global gain [gr ] � 210 � 8 � subblock gain [w indow ][gr ] (9)

C = global gain [gr ] � 210 � scalef ac multiplier �

� scalef ac l [sf b][ch ][gr ] � pr ef lag [gr ] � pr etab [sf b]) (10)

The gain correction is anothertable used for storing the
correctionfactor. The table is storedin DistributedRAM and
is includedasa part of the initialized datasection.

A sharedmultiplier is usedin the requatizationcalculations
for multiplying xr(i) with the correctionfactor.

C. Reordering

The reorder block is built around two memories.One
memorycontainsthe temporarystoragefor sampledataand
the second memory contains the addressesfor the main
memoryandthetemporarystoragememory. Theorderof these
addressesdescribesthe functionality of the reorderblock.

D. Antialias

The implementationof theantialiasblock is a statemachine
containingone butter�y calculationand somecounters.Data
for one butter�y is read from memory, four multiplications
using the sharedmultiplier are carried out and then �nally
one addition and one subtractionare made.The resultsfrom
thesearestoredback into the main memory.

The eight pairsof aliasconstantsarenot placedin a Block
SelectRAM sincethatwastedtheBSRneedlessly. Insteadthe
constantsare placedin ROM in LUTs. In order to minimize
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registerusepartial resultsarestoredin two differentregisters.
Doing this instead of putting each of the different partial
calculationsin separateregistersloweredthe size of the unit
to lessthanhalf of the �rst ”naive” implementation.

1) Butter�y calculations: The �rst observation to make is
that themain limit on theantialiasblock is themultiplier. Be-
sidesthe multiplicationsthe main delayis accessingmemory.
To minimize this latency asmuch aspossiblemultiplications
andmemoryaccessaremadein parallelasmuchaspossible
(but no ”prefetch” of the next butter�y valuesis madewhile
the �rst one is still carriedout). A diagramof one butter�y
canbe seenin �gure 6.

ca
ca

cs

cs

-

+

x18

x17x17

x18

Fig. 6. Onebutter¯y merge

E. IMDCT

For all multiplications the commonmultiplier is used.To
obtainthesummationsof eachx i (seeformula 3) anaccumla-
tor is used.All cosine-values,usedfor IMDCT-computations,
and sine-values, used for windowing, are stored in Block
Select RAMs. Figure 7 show how most componentsare
connected.

The following table shows the number of clock cycles
neededto computeall time samplesin a frame. The time
required,whenusinga clock frequency of 24 MHz, is shown
too.

IMDCT type Clock Cycles time/� s
ShortWindowing 15,615 651
“Normal” Windowing 15,196 633

F. Filterbank

During the implementationof the �lterbank it hasbeena
strict designgoal to keep the designsimple, yet reasonably
ef�cient. With this philosophyin mind the implementationof
the DCT part was done very straight forward, using matrix
multiplications insteadof a butter�y schemesuch as Lee's
algorithm [3]. One might object to this methodsincea large
numberof multiplications are unnecessaryand time is thus
wasted.As will laterbe shown, time wasnot critical. Another
bene�t from this approachis that the amountof logic usedin
the DCT is small.

Two Block SelectROMs wereinstantiatedto keepDCT and
windowing constants,aswell astwo Block SelectRAMs used
asa dual port shift registerfor passingdatabetweentheDCT
andwindowing blocks.

G. I2S and communicationwith the real world

Sendingdatato therealworld requiresa properlyformatted
continuousstreamof samples.It wasclearfrom thebeginning
that the output data should be sent according to the I2S

protocol,originally developedby Philips, but now a de-facto
standardsupportedby virtually every DAC, SPDIF-converter
or any othercomponentthatprocessesreal time digital audio.
The I2S standarddictatesthat datais sentover a synchronous
serial bus, in two complementand MSB �rst. The bus is a
threewire bus consistingof a serial data line, a word select
line anda clock line.

Sincethe mp3 decoderworks with framesand granulesit
is not able to producea continuous�o w of data,but rather
produceschunksof 576 samplesat a time. A continuousdata
�o w is an absoluterequirementhowever, and a FIFO-buffer
of somesort is a natural choice. A block selectRAM was
instantiated,and is usedasa 1024samplebuffer.

The mp3 standardsupportsa wide numberof samplerates,
but output is currently �x ed at 44.1kHz. Furthermore,the
24MHz systemclock is not well suitedfor audioapplications
as it can not be divided to form any of the standardsample
rates.Dividing the clock by 544 producesa 44.118kHzword
clock, which meansthat the audio is played somewhat too
fast,44118=44100= 1:0004, i.e. 0.04%too fast.

Adding functionality to supportother samplerateswould
not be taxing to implement,and is actually preparedfor, but
sincethe majority of all mp3sareencodedin 44.1kHzit was
decidedthat supportingthis sampleratewould be enough.

Furthermore,to be able to test our implementationof the
mp3-decodingstandard,a very simple,yet perfectlyworking,
mp3playingsystemwascreated.Thestructureis implemented
in the entity 'mp3player' which instantiatesa decoderaswell
asinstancesof entititiesto initialize theDAC andtransferdata
from an external �ash ROM containingmp3 encodedmusic,
to the decoder. The systemlacks any ability to interactwith
a user, and will continuouslyloop the music stored in the
externalmemory.

Sincethe developmentboardusedduring the project does
not featurea DAC, but doesfeatureexpansionpossibilities,a
PCBcontaininga DAC aswell asa �ash ROM wasdesigned.
The DAC used is a Texas InstrumentsTLV320AIC23. The
TLV320AIC23 actually contains an ADC as well as the
oversamplingsigma-deltaD/A converterusedin this project.

IV. SYNTHESIS

During the synthesisdifferent tools were used,Synopsis
FPGA compiler, Xilinx XST and Synplicities Synplify Pro.
Due to problemswith the software only Synplify Pro was
able to successfullysynthesizethe project.

A. Huffman

Logic Logic Blocks Utilization
Slices 576 11%
Flip Flops 181 1%
4-input LUTs 1046 10%
Block RAMs 3 7%
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B. Requantize
Logic Logic Blocks Utilization
Slices 634 12%
Flip Flops 166 1%
4-input LUTs 1106 10%
Block RAMs 2 5%

C. Reordering
Logic Logic Blocks Utilization
Slices 36 1%
Flip Flops 16 1%
4-input LUTs 51 1%
Block RAMs 5 12%

D. Antialias
Logic Logic Blocks Utilization
Slices 165 3%
Flip Flops 102 1%
4-input LUTs 287 2%

E. IMDCT
Logic Logic Blocks Utilization
Slices 400 7%
Flip Flops 155 1%
4-input LUTs 654 6%
Block RAMs 3 7%

F. Transpose

Theorderthat theFilterbankandI2S blocksreaddatafrom
main memoryis different than that of precedingblocks.The
purposeof thetransposeblock is to reordermainmemorydata
into a format that suitesthe FilterbankandI2S.

The implementationof the block is really straightforward.
It readsdatafrom the main memoryandwrites it in the new
order into Block SelectRAM. The datais then written back
to the main memoryagain.

The transposeblock could be eliminatedaltogetherif the
�lterbank and I2S blocks where to read data in the same
order that the IMDCT block writes it.

Logic Logic Blocks Utilization
Slices 68 1%
Flip Flops 38 1%
4-input LUTs 111 1%
Block RAMs 2 6%

G. Filterbank
Logic Logic Blocks Utilization
Slices 319 6%
Flip Flops 149 1%
4-input LUTs 596 5%
Block RAMs 4 10%

H. I2S
Logic Logic Blocks Utilization
Slices 83 1%
Flip Flops 60 1%
4-input LUTs 123 1%
Block RAMs 1 2%

I. MP3 project

Logic Logic Blocks Utilization
Slices 2881 56%
Flip Flops 1587 15%
4-input LUTs 4614 45%
Block RAMs 23 57%
18x18Multipliers 4 10%

As has been mentionedpreviously, when using adjacent
multiplier andBlock SelectRAM, limits areputon theaddress
width used,in order to keepit routableon a Virtex II. This
reducestheavailablenumberof multiplier / Block SelectRAM
blocks to a total of 40, comparedto 40 for eachtype. This
meansthat 27 out of 40 primitve blocksareused.

The calculationsof the timing for the blocks were done
by measuringthe time with an oscilloscopeon the hardware,
runningat 24 MHz.

Block Time
sync 140 � s
huffman 120 � s
requantize 140 � s
reorder < 10 � s
antialias 83 � s
imdct 630 � s
transpose 48 � s
�lterbank 1.16 ms
All 2.3 ms

The Virtex-II developmentboardsuppliesa 24 MHz clock.
A comparisonbetween the timing of the design and the
requirements,44.1 KHz ! 27 ms, shows that it is capable
of runningat a signi�cant lower clock speedthan24 MHz.

V. CONCLUSIONS

A. Huffman

The design is satisfactory, although some improvements
are possible. The main drawback of the decoder are the
scalefactors,and the way they are communicatedfrom the
decoderto therequantizerblock. By using”Gaisler's” method
of coding made it (too) easy to put the scalefactors in the
feedback�ip-�ops, however this provedquite inef�cient since
this lead to excessive routing. The implementationactually
leadsto 248parallelconnectionsbetweenthetwo blocks.This
routingcouldbesubstantiallydecreasedsimply by storingthe
scalefactors in Block SelectRAM. Also othertablesbesides
the Huffman tables could be put in Block Select RAM to
further decreasethe size of the design.But as always there
is a tradeoff betweentime and area.The designnow is fast
but large, whereasdecreasingthe size would make it slower
(sincetherewould be morememoryreads).

B. Requantize

Thedesignof therequantizerblockcanbefurtherimproved.
In this versionof the Requantizerratherheavy computations
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are performedfor the function 2
1
4 �C . The factor C is precal-

culatedin the requantizeandthen2 is raisedto the power of
1
4 � C by shifting. The function 2

1
4 �C doesnot take on more

than384differentvalues.Bothcalculationsandshifterarearea
consuming,that's why a small look-up table would probably
be thebestchoiseandwould improve both the timing andthe
block area.The tablecanbe madeeven smaller(196 values)
by roundingsmall valuesdown to zero.

C. Reordering

Sincethis block is alreadyvery fast thereis little point in
spendingresourceson making it faster. Neither doesit usea
lot of logic on the chip. The only part which is big is the
numberof Block SelectRAMs it utilizes, but this is a trade
off to keeplogic usedown.

D. Antialias

The largestoptimizationsmadein the antialiasblock was
to put constantsin a LUT basedROM and to store as few
temporaryvaluesfrom multiplicationsaspossible.Onefurther
improvement could be to fetch the next iterations values
while doing the multiplicationsfor the currentiteration3. The
bene�ts of doing this to the entire chip would be marginal
however. Sincetheantialiasblock currentlyis bothquitesmall
andquite fast it would be betterto concentrateany efforts on
otherblocks.

E. IMDCT

Already at the beginning of the project, critical decisions
concerningwhatalgorithmsof IMDCT to use,hadbeenmade.
Many fast algorithms were found, but choice was done to
use the most straight forward one, due its low complexity
comparedto anothermore sophisticatedalgorithms.Loss of
ef�ciency could be acceptedto asquickly aspossibleachieve
working architecturein the �rst hand,especiallythat loss of
ef�ciency was not critical for the entire design.The result
showed to be satisfactory.

It' s worth mentioningthat best(fastest)algorithm [4], and
at the sametime most complex to implement,that could be
found,is carriedoutby Vladimir BritanakandK. R. Rao.This
algorithmis basedon theDCT/DST, of typesII andIII, anda
butter�y patternfor calculatingbothIMDCT- andwindowing-
values.

3This is basicallyªsoftware pipeliningºof the antialiasloop.

F. Filterbank

The implementationof the �lterbank satis�es the design
goals,anddoesnotuseexcessiveamountsof hardware.If need
be,theDCT calculationcouldeasilybemodi�ed to exploit the
redundancy in theDCT algorithmwith abutter�y schemesuch
as Lee's algorithm [3]. Sucha modi�cation would lower the
numberof clock cyclesneededto performtheentire�lterbank
calculationby a factor ten.
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APPENDIX I
PICTURES

Fig. 7. IMDCT's block diagram

Fig. 8. Xilinx devel board,DAC board


