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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 different parts
of the MP3 decoding without using a processorcore. Instead,
small hardware acceleratorsare implemented for each stagein
the decodingchain. Using specialisedogic could lower the power
consumptionthat is of mostimportance in handheld devices.The
implementation is based on Thomas Lenarts C-code for MP3
decoding

. INTRODUCTION

URING the last yearsthe usageof the MPEG-1 layer

[l (mp3) audio codechasexploded,anda large part of
the global bandwidthconsumeds usedfor transferringlayer
Il compresse@udiodata,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 acceleratinghe mp3-decodingprocessjn terms
of clock cycles and power usage,is important. This report
describesan attemptto createan efcient dedicatedmp3-
decoderin hardware.

Il. FUNCTIONALITY

The input to the MP3 decoderis a bitstream and the
decodingprocessturns this into sampleswhich are sentto
a DAC! add-on board. The MP3 stream s divided into
frameswhere eachframe contains27 ms of music data.The
decodingprocesscanbe dividedinto six blocksandtheseare
implementedndependenfrom eachothet

The rst three huffmandecodingrequantizeandreordering
corvert the original MP3 bitstreaminto 576 frequeng lines
dividedinto 32 subbandsvith 18 frequeng linesin each.This
is the format which the last three blocks antialias, IMDCT
and Iterbank use. These blocks transform the MP3 from
the frequeny domaininto the time domain.A morein-depth
descriptionof the decodingprocessas well as mp3 encoding
canbe foundin [1] and[2].

The design presentedhere has a couple of limitations. It
doesnot do stereodecoding,so the outputis a mono signal
mixed into both channels.Furthermoreit does not handle
mixed blocks correctly Both of theseare limitations that can
be recti ed later.

1Digital to analogcorverter

A. Huffman

The task of the huffman decoderis to transformincoming
compressediata into scalefctorsand symbols representing
the576originalfrequeng lines. The scaleéctorsarethenused
in the next block (therequantizeblock) to rescalehe symbols
into non-scaledrequeng lines. The information abouthow
to createthesesymbolsand scalefctorsis found in the side
information part of the MP3 frame.

The decodercompareghe input sequencevith information
in the Huffman table and producesa symbol when a match
is found. Information on what table to use for ary given
frame is found in the framesside information. Output from
the Huffman decodeiis 576 scaledfrequeng lines (symbols)
which aredivided into three partitions:

Big-values contain the lowest frequeng lines and are
codedwith the highestprecision. Normally the scaled
valueis between-15 and 15, but higherprecisioncanbe
obtainedby usingan escapesequenceéWhenthe decoder
nds the value 15 it assumeghat higher precisionis

neededand readsadditional bits from the input stream.
This valueis thenaddedto the original value of 15. The
numberof bits is speci ed in the Huffman table and are
calledlinbits.

Countl representghe higher frequeng lines and does
not needthe high precision,they are simply codedwith

the valuesl, 0 and-1.

Rzep representghe highestfrequeng 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 quantizedfrequeng lines. The result from the Requan-
tizer is the original frequeng lines. The completedescaling
equationsfor both short (equation1) and long (equation?2)
blocks are presentedbelon. What equationsto use depends
on the windowing function usedin the encodingprocessThe
Huffman decodedvalueat index i is is(i), the outputfrom the
Requantizeiblock at index i is xr(i).

sign(isi) jiSij% Z}T(gmbal _gain [gr] 210)

2 2 subblock _gain [window ][gr]

XIj

2 scalef ac _multiplier scalef ac _s[gr][ch][sf b][window ] (1)

sign(isi) jiSij% zi(global _gain [gr] 210)
2 scalef ac _multiplier

XIi
scalef ac_I[sf b][ch][gr]

2 pr ef lag [gr] pr etab [sf b]

)
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Scalefctorsscalefacs and scalefacl usedby Requantizer
areprovided by the HuffmandecoderThe frequeng lines for
long and shortblocks are divided into 23 and 13 scalefactor
bands for eachwindow respectiely, each scale&ctor band
having it's own scalefctor

The other parameterssuch as global gain, subblo& gain
and pre ag can be found in the frame information provided
by the Synchronizemlock.

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

C. Reodering

The reorderblock hasone task; it reordersthe frequeny
lines within a granule.The way that the frequeng lines are
reordereddependon ags in the side information header

The block works in threedifferentways dependingon the
side information header(Only supportfor MP3 streamswith
44.1 kHz samplefrequeng is implemented.)

All frequenctlines arereordered.

Only frequeny lines after after line number 36 are
reordered.

No frequeng lines arereordered.

D. Antialias

The antialiasblock attemptsto reducethe inevitable alias
effects introducedby the use of a non-idealbandpassilter.
This reductionis doneby meming frequenciesusing butter y
calculationsas seenin gure 1.

x0

N

> ol
>
x17 ~
x18 — X
X
X
X
X
X
E A ~ *
E A
x35 < *
A%
X558 — 8 A
X
LY
LY
L\
X
X575
8 Butterflies

Fig. 1. Antialias butter ies

E. IMDCT

InverseModi ed Discrete Cosine Transform,IMDCT, re-
produces,n cooperationwith the synthesispolyphase Iter -
bank,time sampledrom frequeng lines. Giventhe frequeng

lines Xy, time samplesx; can be obtained by using the
following equation:

nXZl

Xi = Xk cos(%(Zi +1+n=2)(2k+1)); 0 i<n (3

k=0

In our casen = 36, which meansthat the IMDCT takes
asinput 18 frequeng lines and generates86 polyphaselter
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 useis found in the side
information part of eachframe. Dependingon window type
two differentimplementationsare used.

Producing36 samplesfrom 18 frequeng lines meansthat
only 18 of the samplesare unique.ThereforelMDCT is said
to use a 50% overlap. The 36 valuesfrom the windowing
operationaredividedinto two groups,a low groupanda high
group, containing18 valueseach.Overlappingis carried out
by interleaving (adding) valuesfrom the lower group with
correspondingaluesfrom the highergroupfrom the previous
frame.

Generalview of the “operation ow” is shavn in gure 2.
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Fig. 2. IMDCT operation ow

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

Xi= Xpz2j 1;1=0:::n=4 1 (4)

and

(5)

Thereforecalculatingthe rst quarterandthe third quarter
of all valueswill be enoughto determinethe entire set.

Xi = Xzp=o i 1, 1= n=2:::3n=4 1
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Anotheroptimizationwasachievzed by merging calculations
of IMDCT-valueswith the subsequentindowing 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 Iterbank is the nal stepin the
decodingprocesslt exploits aliasingandwindowing to move
the subbanddack into their frequeny domain origins. The
processis naturally divided in two parts,an MDCT part for
translatingthe aliasedsubbandsignals,and a windowing part
to Iter outthe 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-sampldrom eachsubbandthe
next 32 are the secondsub-sampleand so forth. The MDCT
processe82 valuesat a time usingthe following equations:

w1
Y = Nik Sk (6)

k=0
Nik = cof(5—5;(16+ i)(2 k+ 1)) (7)

2 32
The outputvaluesY; are storedin 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 computed each iteration. The
MDCT and windowing are performed 18 times for each
granule,resultingin 576 PCM samples,i.e. 27 ms at 44.1
KHz.

I11. ARCHITECTURE

Thetargethardwareof the projectis a Virtex-11 1000FPGA
manufcturedby Xilinx. The FPGAfeatures5120logic slices
and40 pairsof one 18x18-bitmultiplier andoneBlock Select
RAM macr@. Thoughhardwareresourcesvere plenty it was
decidedearly during the project that hardware usehadto be
kept on a realisticlevel.

By dividing the decodingprocessinto blocks which run
sequentiallyit is easyto sharecommonresources.in this
designthe main memory containingthe frequeny dataand
the 32-bit multipliers are shared.

The memoryis put into two Block SelectRAMs and it
is the huffman decoderwhich lIs it with data. The control
to readand write to this block is then given to the currently
active block, so the blocks which are inactive are not able to
do anything with the main memory

Furthermoremary of the blocks use multiplicationsin the
decodingprocessThesemultiplicationsare 32x32-bitandare
madeby joining a total of 4 18x18-bit multipliers into one.

2Therearelimitations on how onesuchpair is used.Someof the wires are
shared|t is not possibleto useboth the multiplier and BSR at 18-bit length
at the sametime.

Sincethereis a limited numberof multiplier and BSR pairs
it wasdecidedto alsosharethe multiplier betweenthe blocks
in the sameway asthe main memory

A. Huffman

The Huffman decoderuses a number of tablesin the
decodingprocessThereare a total of 4 tableswith constants
and 32 additional Huffman tables. The rst decisionto be
madewas which of theseto leave hard codedinto 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 and canthusbe placed
onthechip asconstantwithouttakingalot of spaceThisalso
cutsdown onlocal accesse® memorywhich makestheblock
run smootherThe Huffmantablesarehugein comparisor(the
largestis 8176 bits), andthereare 32 tablesto store.Thusit
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 readin every step can vary anywhere
from 0 to 13 bits, but accesso memoryis only possiblein
8 bit words. This meansthatif 13 bits areto be readtwo or
three readsfrom the input streamwould be neededcausing
the decoderto stall. To reducethe numberof readsone byte
is always prefetchedfrom the input streamso that there are
between9 and 16 bits available from the streamat ary given
time (dependingon how mary bits werereadin the previous
step).If 13 bits areto bereadit canoftenbe donein 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 tablesnumber 16 to 23 are
the sameand so are tablesnumber24 to 31. Also, onetable
hasbeenomitted sinceits only taskis to invert bits from the
input stream.Insteadthis specialcaseis detectedandtreated
separately

Therepresentationf the Huffman tablesis not speci ed in
theSO-speci cation but it canbeviewedasatree-like lookup
tablethatis processedrom the root. The input sequenceells
the decodemwhich branchto take andbits are continuallyread
from theinput streamuntil thereareno morebranchedo take.

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

B. Requantize

The Requatizehasbeenpartitionedinto a numberof blocks
for parallelizingthe processas canbe 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
frame headerand side information. The statemachinefor the
requantizecan be seenin the gure 5.

The rst stepof the requantizationprocessis to calculate
. .4 . . 4
jisj3. The calculationof numbersraisedto the power of = is
computationallyexpensve to implement.Oneway to improve



DIGITAL IC-PROJECT LTH, SWEDEN, MAY 2003

" CALC_SFL - CALC_SEZ )
Y R cacse

3 DONE_SF >

»( calcsE

Y = L

¢ CALC_SF4 g CALCSES B CALC_SF6  OBe(_ CALCSET

DO_LINBITS_SIGN_Y

b :FILL,ZE ROS

Fig. 3. Figure shaving all statesin the decoderThe stateCALC_SF3only

differs from CALC_SF2in thatit is initialized differently sothereis actually
no CALC_SF3statein the decoderlt is still shavn in the ®gure so thatthere
would be no confusionas to why thereis no CALC_SF3.In most statesa

numberof bits have to beread.This is donein the GET_BITS state,but since
the ®gurewould becomeoverly clutteredif this statewasincludedit hasbeen
omitted.
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Fig. 4. The architectureof the RequantizerCommunicationbetweenthe
blockswithin the Requantizeis shavn with blacklines. Communicatiorwith
the externalblocksis shavn with dashedines.

the performanceis to use a look-up table containingall the
8192possibleinput values A look-uptableis fastbut requires
approximately256 kbits of memory space.The computation
hasbeendividedin two casesso the sizeof the look-uptable
hasbeenreducedto 32 kbits.

Casel: 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 resultfrom the look-up tableis then
multiplied by 16. This is possiblebecauseof the relationin
the equation8.

LIS .4
=16 j5i® 8

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

Wl

jisij

start =1

counter = 576

Fig. 5. Statemachinefor the requantize

A separatdrequeng line counter block hasbeencreated
to provide the requantizeblock with the information about
whatfrequeng line thatis beingrequantizecht thetime. The
total amountof frequeng lines per frameis 576. When the
counterhasbecome576 the readysignalfor the Requantizer
is generated.

The divider.win block has beencreatedfor a simple and
fastwindow calculation.There can be totally three windows
in a shortblock.

The shifter is usedfor multiplying (sign(isi)jisij%) with
27 C, Theequationdor factorC canbeseerbelown. Equation9
is usedfor calculationof short blocks and equation10 for
calculationof long blocks. The factor C is pre-calculatedn
the requantizeblock.

c =
C

8 subblock _gain [window ][gr] (9)
scalef ac_multiplier
preflag[gr] pretab[sf b])

global _gain [gr] 210
global _gain [gr] 210
scalef ac_I[sf b][ch][gr]

(10)

The gain_correction is anothertable usedfor storing the
correctionfactor Thetableis storedin Distributed RAM and
is includedas a part of the initialized datasection.

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

C. Reodering

The reorder block is built around two memories.One
memory containsthe temporarystoragefor sampledataand
the second memory contains the addressesfor the main
memoryandthetemporarystoragenemory Theorderof these
addresseslescribeghe functionality of the reorderblock.

D. Antialias

Theimplementatiorof the antialiasblock is a statemachine
containingone butter y calculationand somecounters.Data
for one buttery is read from memory four multiplications
using the sharedmultiplier are carried out and then nally
one addition and one subtractionare made.The resultsfrom
theseare storedbackinto the main memory

The eight pairs of alias constantsaarenot placedin a Block
SelectRAM sincethatwastedthe BSR needlesslylnsteadthe
constantsare placedin ROM in LUTSs. In orderto minimize
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registerusepartial resultsarestoredin two differentregisters.
Doing this insteadof putting each of the different partial
calculationsin separataegistersloweredthe size of the unit
to lessthan half of the rst "naive” implementation.

1) Buttery calculations: The rst obsenationto make is
thatthe mainlimit on the antialiasblock is the multiplier. Be-
sidesthe multiplicationsthe main delayis accessingnemory
To minimize this lateny as much as possiblemultiplications
and memoryaccessare madein parallelas much as possible
(but no "prefetch” of the next butter y valuesis madewhile
the rst oneis still carriedout). A diagramof one butter y
canbe seenin gure 6.

Ccs

x17 x17

x18 s x18

Fig. 6. Onebutter y mege

E. IMDCT

For all multiplicationsthe commonmultiplier is used.To
obtainthe summation®f eachx; (seeformula 3) anaccumla-
tor is used.All cosine-alues,usedfor IMDCT-computations,
and sine-walues, used for windowing, are stored in Block
Select RAMs. Figure 7 shav how most componentsare
connected.

The following table shavs the number of clock cycles
neededto computeall time samplesin a frame. The time
required,whenusinga clock frequeng of 24 MHz, is shavn
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 keepthe designsimple, yet reasonably
efcient. With this philosophyin mind the implementatiorof
the DCT part was done very straightforward, using matrix
multiplications insteadof a buttery schemesuch as Lee's
algorithm[3]. One might objectto this methodsincea large
number of multiplications are unnecessanand time is thus
wasted. As will later be shavn, time wasnot critical. Another
bene t from this approachs thatthe amountof logic usedin
the DCT is small.

Two Block SelectROMs wereinstantiatedo keepDCT and
windowing constantsaswell astwo Block SelectRAMs used
asa dual port shift registerfor passingdatabetweenthe DCT
andwindowing blocks.

G. 12S and communicatiorwith the real world

Sendingdatato the realworld requiresa properlyformatted
continuousstreamof sampleslt wasclearfrom the beginning
that the output data should be sent accordingto the I12S

protocol, originally developedby Philips, but now a de-facto

standardsupportedby virtually every DAC, SPDIF-conerter

or ary othercomponenthat processeseal 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 dataline, a word select
line anda clock line.

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

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

Adding functionality to supportother samplerateswould
not be taxing to implement,andis actually preparedfor, but
sincethe majority of all mp3sare encodedn 44.1kHzit was
decidedthat supportingthis samplerate would be enough.

Furthermoreto be able to test our implementationof the
mp3-decodingstandarda very simple,yet perfectlyworking,
mp3playing systemwascreatedThe structurels implemented
in the entity 'mp3player’ which instantiatesa decoderaswell
asinstance®f entititiesto initialize the DAC andtransferdata
from an external ash ROM containingmp3 encodedmusic,
to the decoder The systemlacks arny ability to interactwith
a user and will continuouslyloop the music storedin the
externalmemory

Sincethe developmentboard usedduring the project does
not featurea DAC, but doesfeatureexpansionpossibilities,a
PCB containinga DAC aswell asa ash ROM wasdesigned.
The DAC usedis a Texas InstrumentsTLV320AIC23. The
TLV320AIC23 actually containsan ADC as well as the
oversamplingsigma-deltaD/A corverterusedin 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
ableto successfullysynthesizehe 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%

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

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

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

F. Transpose

The orderthatthe Filterbankand 2S blocksreaddatafrom
main memoryis differentthanthat of precedingblocks. The
purposeof the transposdlockis to reordermainmemorydata
into a format that suitesthe Filterbankand 12S.

The implementatiorof the block is really straightforward.
It readsdatafrom the main memoryandwritesit in the new
orderinto Block SelectRAM. The datais then written back
to the main memoryagain.

The transposeblock could be eliminatedaltogetherif the
Iterbank and I2S blocks where to read data in the same
orderthatthe 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. 12S
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%
18x18 Multipliers 4 10%

As has been mentionedpreviously, when using adjacent
multiplier andBlock SelectRAM, limits areputontheaddress
width used,in orderto keepit routableon a Virtex Il. This
reducegheavailablenumberof multiplier / Block SelectRAM
blocks to a total of 40, comparedto 40 for eachtype. This
meansthat 27 out of 40 primitve blocksare used.

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 1.16ms
All 2.3ms

The Virtex-1l developmentboardsuppliesa 24 MHz clock.
A comparisonbetweenthe timing of the design and the
requirements44.1 KHz ! 27 ms, shows that it is capable
of running at a signi cant lower clock speedthan24 MHz.

V. CONCLUSIONS
A. Huffman

The designis satishctory although some improvements
are possible. The main dravback of the decoderare the
scalefctors, and the way they are communicatedfrom the
decodetto the requantizeblock. By using”Gaisler's” method
of coding madeit (too) easyto put the scale&ctorsin the
feedbackip- ops, however this proved quiteinef cient since
this lead to excessie routing. The implementationactually
leadsto 248 parallelconnectionbetweerthe two blocks.This
routing could be substantiallydecreaseadimply by storingthe
scalefctorsin Block SelectRAM. Also othertablesbesides
the Huffman tables could be put in Block SelectRAM to
further decreasehe size of the design.But as always there
is a tradeof betweentime and area.The designnow is fast
but large, whereasdecreasinghe size would malke it slower
(sincetherewould be more memoryreads).

B. Requantize

Thedesignof therequantizeblock canbefurtherimproved.
In this versionof the Requantizeratherheary computations
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are performedfor the function 27 €. The factor C is precal-
culatedin the requantizeandthen 2 is raisedto the power of

L C by shifting. The function 27 ¢ doesnot take on more
than384differentvalues Both calculationsandshifterarearea
consuming that's why a small look-up table would probably
be the bestchoiseandwould improve both the timing andthe
block area.The table canbe madeeven smaller (196 values)
by roundingsmall valuesdown to zero.

C. Reodering

Sincethis block is alreadyvery fastthereis little pointin
spendingresourceon makingit 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 constantsn 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 currentiteratior®. The
bene ts of doing this to the entire chip would be mamginal
however. Sincethe antialiasblock currentlyis both quite small
and quite fastit would be betterto concentrateary efforts on
otherblocks.

E. IMDCT

Already at the beginning of the project, critical decisions
concerningvhatalgorithmsof IMDCT to use,hadbeenmade.
Marny fast algorithms were found, but choice was done to
use the most straight forward one, due its low compleity
comparedto anothermore sophisticatedalgorithms.Loss of
efciency could be acceptedo asquickly aspossibleachieve
working architecturein the rst hand,especiallythat loss of
efciency was not critical for the entire design. The result
shaowved to be satishctory

It's worth mentioningthat best (fastest)algorithm [4], and
at the sametime most complex to implement,that could be
found,is carriedout by Vladimir BritanakandK. R. Rao.This
algorithmis basedon the DCT/DST, of typesll andlll, anda
butter y patternfor calculatingboth IMDCT- andwindowing-
values.

3This is basically2software pipelining®of the antialiasloop.

F. Filterbank

The implementationof the lterbank satis es the design
goals,anddoesnot useexcessve amountof hardware.If need
be,the DCT calculationcouldeasilybe modi ed to exploit the
redundang in the DCT algorithmwith abutter y schemesuch
as Lee's algorithm[3]. Sucha modi cation would lower the
numberof clock cyclesneededo performthe entire Iterbank
calculationby a factorten.

ACKNOWLEDGMENT

Theauthorswould like to thankour instructors Hugo Hed-
bemy, FredrikKristenserandThomasLenartfor all helpduring
the project.We would alsolik e to thankMartin Nilssonfor all
his help and supportwith developingthe DAC daugherboard.

REFERENCES

[1] ISO/IEC 11172-3:1993Information technolagy — Coding of moving
pictures and associatedaudio for digital storage mediaat up to about
1,5 Mbit/s, 1993.

[2] S. Gadd and T. Lenart, 8A hardvare acceleratedmp3 decoderwith
bluetoothstreamingcapabilitie$, Masters thesis,Lund Institute of Tech-
nology Sweden2001.

[3] B. G. Lee,®A new algoritm to computethe discretecosinetransforn?,
IEEE transaction®n acousticsspeechandsignalprocessingyol ASSP-
32, No 6, December1984.

[4] V. BritanakandK. R. Rao,?A new fastalgorithmfor the uni®edforward
andinversemdct/mdstcomputaion, Signal Processing2002.



DIGITAL IC-PROJECT LTH, SWEDEN, MAY 2003

APPENDIX |
PICTURES

Fig. 7. IMDCT's block diagram

Fig. 8. Xilinx devel board,DAC board



