
Paik and flwang: Design or a Novel Sy111hcsi, f'i l!cr fol' !{cal-Time MPEG-2 Audio nct:ndcl' lmplcmc11Ia1io11 011 a DSI' Cliip 1119 

DESIGN OF A NOVEL SYNTHESIS FILTER FOR REAL-TIME MPEG-2 AUDIO 
DECODER IMPLEMENTATION ON A OSP CHIP 

Won-Kyu Paik and Sun-Young Hwang 
CAD & Computer Systems Lab, Dept. of Electronic Engineerinn 

Sogany University, C.P.O. Box 1142, Seoul, 100-611 , Korea 
E-mail: hw,rng@ccs.sogang.ac.kr 

Ab.\·tmct - This paper describes the design of a 
novel synthesis filter for real-time implementation 
of MJ'Ji'.G-2 audio decoder on a single, 
prngrammablc USP chip. In the first plrnse of our 
design we propose a fas t suhhmul synthesis filter 
hank employing a llecomposc1I IDCT hlock with 
redm:ed multiplication stages, sha1·ed by hoth 
MPF.C-1 aud MPl(G-2 decoders. lu the second 
phase of the design, a panunete,· analy:,,cr block is 
adopted to tal,l~ advantage of the multichannel 
computing strncture in MPl•'.(:-2 lhcrehy further 
reducing the numher of MAC operntious. In the 
final phase, we prnpose a low-cost decoder 
employin:z 1111orth111lox methods or boosting 
performa1u:e hy grnccfully clcgrnding quality of 
service. 

The overall runtime of the decoder h:is been 
reduced by 60'1/c, when compared tu the modified 
ISO decoder cm11loying a synthesis filter hank 
with fast me r block. Real-time performnnce 
validations have been made hy re-tuning time­
critical code sections for both native VI .IW and 
llSP m·chitcctures. The final implementation 
successfully passes all ISO/Jli:C MPl~G-2 audio 
com1,li:mce tests and achieves ncar-transp:1n~nl 
audio decoding and signHI reconstruction on the 
11)-', 

I. Introduction 
The demand for reductions in data rate for 

wideband digital audio si!:\ual transmission and 
storage in multimed ia appl ications subsla11tintcs the 
nced for clfo:icnt <:ompn;ssion techn iques. A serial 
hitstrcam of C l) qual ity audio material consists of 

44, I 00 I (i-hit l'CM samples per channel wh ich 
1.:orrcsponds to l .4 Mbps in stereo 111. Audio at that 
hi l ratc contains a lot or redundancies and this led to 
the development o r perceptually cmk;d, lossy 
colllprcssion let:hn iqucs lo climinalc in formation that 
1s irrdcvanl li-0111 a hu111an sound-pcrccplinn 
viewpoint. Studies have show11 !hat by mask ing 
inaudible co111ponenls of audio signals v ia 
psyd 10acousli<: models I 11121, pcrccpl llal audio 
systems arc able.: lo achieve signi li cant compressioll 
wh ile maintaini11~ pen;civcd audio quality roughly 
cquill tn the original. 

The Intcrnalional Organization !"or 
St·andardizalion (I SO) has established a working 
grnup known as the rvlo1io11 Pictun.: 1-:xpcrls ( ,rnup 
(M Pl•:G), to develop standards liir rnding audio­
visual prcsenlalion mah.:1·ials aimed at digital storage 
media such as Cn-ROMs, not exceeding a combined 
continuous transfcr rate 0 1· 1 .5 Mbps. The audio 
portion specific~ the coded representation of high­
quality audio signals i11tc11clccl l<.ir sta11d-alom: or 
multiplcxed-w itlt-vidco a1lplieations 13114J. The 
M Pl '.( i audio system lealures a wide m ix or cha111ic l 
con l1gural io11s, m11l l iplc sampl ing and clatH rates, 
h1ycr co111 patihi l ity, dernder version scalabil ity. 
dynamic range control , Dolby Pro I .ogic 
L:ompatibi l ity, and multi- lingual support, thereby 
addressing to a variety ol" consumcr and prnJessional 
<1pplicatio11s. Application meas run a wide gamut 
from DVD players, multichannel High lk fini tion 
Television (1 IDTV), Intcgratc::d S.:rvice Digitul 
Network (ISDN) l rnns111issio11 codc1.:s, cable and 
satclli t«.:-hascd TV (c. g. DVB, USSn) scrvic1.:s, 
Digita l Audio lkoadcasting ( l>A B), studio record ing 
and ed iting, to mu ltimcdia/Jntcrnct audio. 
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MPE0-2 was fast developed wi th lhe broadcast 
application in mind. The concept of a " I-encoder lo 
N-ck codcrs,'' makes for non-symmetric systems with 
a rdativcly complex, high-rprn li ty encoder on one end 
and fast, low-complexity, low-cost decoders at the 
other· delivering quality serv ice on limited bandwidth. 
Hence, some researches leading to the real-time 
implcmcnlatio11 of MP E(i standards have based the 
decoder designs on programmable DSJ>s 15.1161, for 
tlieir merits in easy implementation of complex 
algmithrns, reduced design cycles, and development 
cost. A floating-point implementation of' a real-time 
MPE< i- 1 system was presented by M urphy !"SJ. But 
l imitaLions to processing speed and memory nl the 
liosl DSP ch ip prohibited the implemcnlation or a 
l'ul ly f'unctional MPEG- 1 sysk111 on a single DSP, let 
alone multichannel systems. Similar work has been 
found irnplcmcming the M Pl ~G-2 standard on a 
fixed-point, multimedia USI' [(il, indicating a move 
toward low-cost, uniprocessor solutions. Fixcd-poinl 
implcrncn1ations arc cost-cffec1ive. but complications 
may he introduced hy the repetitive comp11tatiom1I 
tasks typically populated in signal processing 
app lications. [founding-off error introduced by 
rnulliplying two lixcd-poinl da1a arc trivial as is, but 
the propagation or these smaller errors onto 
successive multiplication stages ulllmatcly corrupts 
rcconslructcd signal quality to a noticeable level. The 
synthesis li11cr bank as defined by the standard, is 
considered hy for the most computationally intensive 
block in the entire decodi11g system well popu lated 
wi1h MAC operations, thereby cfforls to reduce the 
complexi ty or lhe synthesis filtt:r has been essential 
for real-time decoder implcmcmations. The most· 
com111rn1 practice in reducing the number or 
rnulLiplications and addi tions, has been by exploiting 
the slructural prnperties of the ll)CT block resulting 
in rnani fold decoder performance improvements 171-
Thcrc have been other fast I DCT schemes that arc 
effective f<lr designing speedy synthesis fi lter blocks 
181. llowcvcr, not al l lD(T schemes arc suitable for 
fixed-point impkmcnlation, since a tradt:--off kl ween 
the m11nbcr of multiplication operations and rounding 
cr-rors due to splitting the internal IDCTs exist. To 
achieve fast decoding of high quality audio, it is 
essentia l to keep the numerical errors lo an acceptable 
level without running into hard real-time constraints 
of the clccocling system. l ;urlher improvements to the 
sy11thcsis filter design can be achieved by exploiting 
the multiclun111cl computation structure of MPEG-2, 
thus contrib11ling fhr a foster l'vl PEG-2 ded icatcd 

decoder operation. This paper fu lly exploits the 
multichannel operation or Lhc M l'EG-2 decoding 
system lo reduce the number orM/\C operations 

In this paper, we pre~cnt the design and 
implementation or a real-t ime MJ'ECi-2 aud io 
decoder with an improved synthesis tilter on a single, 
fixed-point DSP. The proposed system employs a 
decomposed IDCT block w ith reduced multiplication 
stages, and a parameter analyzer block for dedicated 
M PEG-2 clceoding. The paper is organized as 
follows: Section II pmvidcs an overv iew into the 
M l'ECi-2 mult ichannel audio decoding process. In 
section 111, the we propose a versati le subhand 
synthesis fi lter rout i11c employing a dccornposcd 
IDCT block with reduced 11111ltiplicatio11 stages, 
followed hy optim iuttions for clcdicatcd multichannel 
computation structure. For cost-effective measures, 
we propose unorthodox methods of gracefully 
degrading audio signal quality for faster decoder 
speed. The enhanced decoder is realized on the DSP 
hoard, nwuntcd on a host PC. I 11 section IV, 
experimental results arc reported, and ,1 conclusion is 
drawn at the final section or the paper. 

H . . MPEG-2 Multichannel Audio 
Coding System 

The M l'L•:Cr audio standards, 1S0/ fl ·:C I I 172-3 
(Ml'EG-1 ) [3] and ISO/11 ·:C 138180-3 (M PFG-2) IAI 
define Ll1rce layers or i11crcasing complexity and 
subjective performance varying w ith compression 
efficiency. With successive layers, however, the 
coding/decoding system is subject to increased delay 
and sensitivity to trnnsmi.;;sion crmrs. 

2.1 Overview of the MPEG Audio Coding 
System 
The main decoding sub-blocks of the MPECi 

audio decoder arc comprised of a frame unpacker, 
dcquanlizcr, dernatricing block (MPFC,-2), and a 
synthesis fi lter bank. After frame disassembly from 
the input encoded bitstream, the decoder passes the 
hit-allocalion, scalcfactor side-informations and 
audio samp les to the inverse quantizer for restoring 
the qu,mtizcd subhand values. These subband 
samples arc fod into the synthesis filter block for 
rcconslniction and olllput ol' PCM samples on a per 
channel basis. 
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2.2 Multichannel Extension 

Restrictions to Lwo-channcl slcreophony 
imposed hy tlw Ml'Ui-1 standard arc l illcd with 
multicha1111cl sound delincd by ISO/I l !C: I 38I80-J. 
T he cxlension to thc multid1annel syslcm provides 
sllpport for 5.1 channels w ithout simulcast i11tc11dcd 
ror broadcast comp lying with thc I! l)TV format. The 
MPEG-2 decod ing syswm shares the same audio 
algorithm core as M PE(,-1 . hence providing forward 
and hack\-vard compatibility ll]. An MPl•:(;.2 decoder 
wi ll act:cpt an MPEG- 1 formatted bitstn.;nm and an 
M PFG-I dccmkr can det·ive a stereo representation 
f'rom an Ml'LC,-2 hitstrc,un. The multichannel format 
uses an cnt:odcr 111alrix that allows a l wo-channc! 
ckcoder to decode stereo rnmpat.ihle signals that is a 
subset. of a multiclrnnnel bitstream. The multipk 
channels are matrixcd tu form compatible MPEG- I 
le l't/right channels, as well as other M 1'1•:G-2 channels, 
as shown in i'igurc I . These arc encoded into M Pri(i-
1 frames, and additional multichannel data is placed 
in the extended auxiliary dal:.1 field. Ml'l •:C,-2 foatmcs 
intensity coding, crosstalk 1T:d11cti( u1. i111cr-d 1anncl 
prediction coding, and cen ter channel plla1110111 image 
coding to achieve a combined bit rate ()!' 3811 kbps, 
using I .ayer 11 at a 48-k l lz sampling l'i-cqucncy 

·1 r...1t'lsrnii.:i~ion chnnnel or 
S!OrA.{J~ nw<liU'.il 

Fig. I. Forward and backward compatible M l'E( ,-2 
aud io system. 

2.3 Synthesis Filter Bank 

The suhband synthesis fil ter bank is ct polyphase 
frcqucncy-tin1c donwin 1ra11sfonn engine, shared hy 
both MPU,- 1 and MPEG-2 algorithms. /\lier the 
dcq11a11t ization process from the wcv ious stage, .12 
subhand samples per channel arc input to the 

synthesis fi lter bank and 32 reconstructed time­
domain PCM samples me output to a 0 / /\ convctter 
f'or reproduction. /\s shown in 1:igure 2. tile synthesis 
Ii lier bank is defined hy the M l'l ·:Ci standard w ith 
lhrcc key operations: l 11i1ializntio11, Matrix 
transformation, Hnd W imlow/ovcrla p-add. 
Initialization involves shi i'li11g of (14 samples, li·rnll a 
queue of I 024 points al a l i1m:. The matri'.'\ trnnsli)nn 
operation receives the 12 li·cqucncy-dornain samples 
and returns 64 inlermcclinlc clements, wh ich arc 
written to the inpul l()MF liul"lcr. The huller has 
I 024 clements for cvcI-y· channel and is cyc lic. 

<J2 naw subba11d samples"> 

<Shift down vector V> 

for rn =1023 downto 64 do 

V(m) = V(m•64) 
(with V initialized witll zeros) 

Initialization 
block 

1 I 
I: 

<IDCT> 

f<>r m=0 ... 63 do M atrj:i,: 
trnm1 fo,mation 

block 
! 

I 

·1· '" ;;;,t:: ::••m "> ~ i 
UQ+Gt,i) = VU+128i). ;:;:• 
UG •·64i+32) = V(j+120i+96{ '.:' 

1 
,,c:,Ls,0,:.,.:,,;;•:,i l'?<:,::.s,;-,,,i;si'';I;;:: 
<Generate flltor eln1111>11ts> r::·: rn~ . Window/ovorlop-

for m=0 ... 51 1 do ,'el add block 
F i 

W(m) • U[m) • D(m) If 
,?::;::-1,:::,r;,,1 F;: •:•::;t:,;:fo\ii!<h' 

<Calculate 32 samples> 

for J=0 .. . 31 <10 

I I S(j) "" 'I,W(j+32i) 
; . IJ 

::•-;•,n:ff•,c,:;:::.,i: If" 
<32 tlme-ciornaln PCM 

samples> 

lfig. Z. Synthesis litter bank llow l.11 
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The window/overlap-add block performs the 
actual l'i l tering operations. The fi ltering operation is 
performed 0 11 512 clements that includes the last 64. 
J\ new vector is built. from lhesc clements and is 
multipl ied with the tabulated windowing coefficients 
in the IQMI ' block to produce 32 time-domain 
samples. The 32 samples a rc formatted into PCM 
samples for output. In the next iteration, al l the 
clerncnl's of V are shifled down 64 places in 
prcpara1 ion for the next I DCT output. These 
operations arc performed recursively for each 
repn.:scnted chai tncl. 

Table I displays the profiling output of the ISO 
M PECi-2 decoder sofiware implementation on I JNI X 
and DSP platforms. respectively. The profi le result is 
an average taken from 20 consecutive (hum:s or a 
randorn mix of 111tdtichanncl audio cl ips, including 
the ISO/MPFCi-2 conformance test streams. This 
table i11<licntes that the synthesis filter bank is 1hc 
most computationally intensive block in the entire 
decoder, thcrdorc any design improvements made 
here would yield a l'nstcr decoder. For MPEG-2 
mult ichannel operation, the speedup is more 
pronounced since the synthesis liltcr iterations 
increase in direct proportion to the number of' 
reµrescntccl channels. 

Table 1. Profiling of the ISO MPEG-2 decoder 
functions. 

Decoding 
l'ercentage of total time spent in each 

decoding 1ask 
Stage 

UNI X DSP 

Synthesis filter 90% 83% 
--

I )cquant izcr 11% 7% 
~ --··-· - · - -- - --

Stream decoder 2% 4% 
- -- - -·------

Dcnwtrix & 
3% 4% 

Dcnonnalizer 
--- -- . - - . - . - -- -- - - -- ·· -

Others 1% 2% 

The most DS!' cycle-hungry hlock in Figure 2 of 
the synthesis fi ller bank is the matrix transl'orma! ion 
block. As shown in Tablt 2, any improvements to the 
sy11thesis filter bank centers around a more efficient 
lf )CT block, requiring optimization of nested loops 

and reductions in m11nber of multiplications in the 
loop kernds. 

Tahlc 2. Profi l ing o l' the ISO synthesis fi lter 
sub-blocks. 

Synthesis Ii fl II l'e1-cc 11tage 

filter bank mnltipli addi-- DSP 
of total 

sub-blocks -cat ions tions cycks cycles 
consumed 

IDCT 2,01.18 1,984 410k 91% 

Windmv/ 
- . -- . -- -

ovcl'lap- 5 12 480 32k 7%, 
J\dd 

--- - -- -- - ---· 

Others () 0 6k 2% 

rn. The Proposed Synthesis Filter 
As presented in the previous sectirn1, 

optimizations to the synthesis filter arc essential for a 
fasl realization of the M PFG decoder. In this section, 
we first propose a sublmnd synthesis fi lter hank 
employing decomposed !OCT and w indowing blocks, 
shared by both Ml'EG- 1 and MPEG-2 decoders. Next, 
we propose the add ition of a parameter analyzer 
block f'or furlher performance improvements lo 

MPEG-2 decoders, laking advant,igc of the 
multichannel computing structure. l; ina lly we 
propose a synthesis fi lter employing gracefu l 
degradation techniques targeting low-cost 
implemcntat'ions with marginally ckgrndccl audio 
output qua I ity. 

Figure 3 shows the proposed synthesis filter 
block shared by both M PE(i- 1 and MPE(i-2 
rnulticilannel ckcoders. I t implement~ a modified 
l()CT block with a multistage butterfly network al the 
input followed by decomposed IDCT and efficient 
windowing functions. Matched against other well­
known 32--point IDCTs [8] the IDCT scheme 
employed here profits from minimal fixed-point 
arithmetic propagation errors whi le reducing MAC 
counts. 
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3.1 Design of a Fast MPEG-1/2 Synthesis 
lnltcr Bank 

In this section we propose a fost subband 
synthesis filler bilnk employing a decomposed IDCT 
block with reduced multipl iention stages, shared hy 
both M l'ECi- 1 and M Pl ·'.G-2 decoders. The IDCT 
scheme employed in the proposed design rccmsively 
decomposes the !DCT block into smaller matrices hy 
exploiting the syn11net1·ic properties of the cosine 
l rnnsform. ;\11 efficient w indowing si;hemc has been 
proposed that exploits the symmetries observed in the 
IDCT output. 

:l2 now \: 
f,ullh;u1d I 
sarnr}lcs. fl 

l~ ,a, ,..,,,.,,.,.,,,,,,, .... f-

IOCT nlock 

1024 H 
OMF 

and 
1Mndow/ 
s.hift-i1dcl 
operation 

\'Vin<lowino 
n lock 

!~:~?. lirne ~ fiornf'in 
} samplo~ to 

1
.r rn1trll1t bul!N 

Fig. 3. l\loek diagram ul' thc proposed synthesis fi lter. 

3.1. l H>CT Block with Decomposed Matrix 
l 'ransformations 

Symmetric Properties of the Cosine Trnnsform: 
The I I )C:T transforms the input subband samples 
l'rorn frequeni;y to t ime-domain by usin~ l •:quation ( I ) 
as del'i1wcl in the M 1'1 •:G stnndnrd. 

= _I 1.:osi .!! -(2sh + I )(i -1 I Ci)]X (sh), 
.. .. l _ 6 4 

i ,.., 0 .. . (i3 ( I) 

Vector V denotes an array 01· 64-intermediate 
values needed at the w indow/overlap-add block, the 
discrete cosine terms N(i,.,·h), and s11bbnnd 
coefficients X(.~h) To evaluate V · as is, 2,048 
rn ultipl ic<1lions and 1,91M additions arc required as 
shown in Table 2. I !owevcr, V can be built exploiting 
the inherent symmetries of N(i,sb) as shown in 

1-:quation (2), thereby usi11g only half the 
multi rlications and additions required in Equation ( I ). 

V(i) =-= - V(32 - -i) 

V(32 + i ) = V((i4 - i), i=l. .. l(l (2) 

Butterlly Stage: The 32-point IDC I" derived from 
1·:quation (2) can he further cleco111posed into Lwo 16 

X 16 even and odd matrices by way o l" shu l'lling and 
grouping X(sb) into butterfly patterns, clcnotcd in 
Equation (3 ). Thus, an N -point Il)C'J' of Equal.ion (2) 
can be clecomposcd into stuns of two N/2-point 
Jf)CTs, ontaining a four- fold reduction in the number 
o r M/\C operations. J\s shown in Figure J , the f-irst 
input bultcrlly pattern of X(sb), can he further 
decomposed i11 a similar manner b y exploiting 
trigonometric and strncturnl properties, thereby 
reducing Lhc complexi ty of' the IDC.:T hlm:k or the 
synthesis Jilter. 

V(i) = f N(i,sh) [X(sh)-1 X (J l - sh)], 
,d, 0 

i "-' 0,2, ... JO 

V(i) = f N (i,sh) [X (sh) · X(3 l - s/J)J 
,1·h n 

i =-: 1,1, ... ,J 1 (3) 

Successive l)ccompositio11s: By recUl'sivdy h1·caki11g 
down the input eve11 16 x I (i hullcrlly pattern into 8 

X 8, 4 x 11, and 2 x 2 parts, the I U<.:T can he 
further decomposed into smaller transform matrices. 
The However, <lccomposing any odd bullerlly patlcrn 
requires pc1{o rm ing multistage mulliplicalion with 
11011-un ily l rigrn10111ctric 11111llipliers, which arc 
deleterious for fixed-point arithmetic. It is imperative 
to keep the propagating roun(ling errors to a 
minimum, hence multipl ication is performed al the 
end or the bultcrfly decomposit"ion stage and m1y 
spl itting of internal ll)C.:'I' that require intermed iate 
non-un ity multipl i1.:ations are omitted. The gem:rat io11 
or butterfly patterns requires only additinn and 
subtractions hut no multipl ications. Once lire 
butterl1y patterns arc completely hmke11 down, 
matrix transformation is perCormed. 
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3. 1.2 Windowing Block 

i\ 51 I th-order fQMF filter bnnk w it.Ii a 96-dB 
sid<.:lol>e rejection anc.l a steep pass-to-stop-band 
trnnsition is used Lo perform the w indow/overlap-add 
block upon the I 024 intermediate clement output 
rrom the IDCT block. A new vector is built from 
these clements and is multipl ied with the tabu lated 
windowing c.:ocfficicnts D(m) to generate the 512-
window clements. A I6-poinl l"i ltering operation is 
performed on the gcncrntcc.l f i l ter elements lo produce 
]2 time-domain samples S(i). Each S(i) arc formatted 
into PCM audio samples, and output to the channel 
Fl 1:0 buffers for OAC. 

l!(j + 64i) = V(j + 128i) 

l/(j + 64i + 32) = V(j + 128i + 96), 

i = 0 ... 3 1, i = 0 .. . 7 

W(m) = U(m)f)(m), m = (L5 l l 
1.< 

S(j) = LW(j + 32i), j = 0 ... 31 
i· () 

(4) 

l iquation ('1-) holds when the inverse transform 
given in Lquation ( I) is re-defined, by exploiting the 
symmetrical propert ies of the windowing coefficients 
D. The odd and even input bullernics derived from 
Equation (3) for the calculation ol' V. 

The 5 12 coefficients are spl it into 16 blocks of 
32 V coefficient, the even numbered blocks are 
multiplied with the first 32 IIJCT outputs, and the 
odd blocks nrc multipl ied w ith the next 32 !OCT 
outputs. The windowed results of 16 blocks arc then 
overlapped and added, resulting 111 half the 
multiplication and addit ions of the original. 

3.2 Optimizations Exploiting MJ>EG-2 
Computing Structure 

J\s slated earlier, MPH i-2 provides ful l MPEG-I 
support find features key multichannel operations 
such as dynamic crossta lk reduction, inter-channel 
prediction coding, and center channel phantom image 
coding. In this section, a parameter analyzer block is 
adopted lo lake advantage of the multichannel 
computing structure thereby achieving further 
performance improvements. With the avai lability of 

dynamic bit-allocation in lbrmation and multichannel 
coding parameters after frame parsing f rom the 
encoded bitstrcam, the synthesis fi lter loop can be 
optimized to exploi t the rcclunclaneies and zero­
allocation proli les or subband samples, resulting rn 
the d imination of wasted MAC operations. 

3.2. l Exploiting lntra, lntcr-channel Redund­
ancies 

T he MPEG-2 multichannel dec.:odcr exploits the 
use or information from neighboring channels in 
order to ach ieve optimal data reductions w i thout 
resort ing to simulcast opcrnl ions. One of the main 
features supported by the MPEG-2 decoding system 
is dynamic crosstalk rcducrion, which reduces the 
amount of data through copying sterco- inelcvant 
signal eomponr.::nts for extension channel 
reconstruction 14]. With the existing ISO M PFG 
decoders, rescaling, clcquantizing, dematricing and 
denormalizing operations precede the synthesis fi l ter 
bank opcrntio11 . However, the proposed decoder 
pcrltHrns the synthesis liltcring prior to other 
operations, thereby if dynamic crosstalk reduction is 
used, the appl ication of the synthesis filter bank Lo 

extension channels is byrassed altogether. Thus inter­
channel rcdundancics can IJc exploi ted a l the decoder 
level, el im inating unnecessary iterations of costly 
[OCT and windowing operations resu lt ing in saving.s 
of the number or MAC opcrntions. 

In a simi lar context, i11trn-ehannel redundanc ies 
arc exploi ted using a temporary buffer fcir storage of 
intermediate Vs . rr a match is J'ound in the next 
iteration of the synthesis fi lter, the IDCT operation is 
rnnitlcd, pcnnitling us to reuse older V coefficients 
fo t· windowing. A match can be found by compai·ing 
the values o f subband hit allocation and 
corrcspondi11g satt1plc coefficients. The intra-channel 
technique exploit, the temporal loeali ly of periodic 
audio signals. 

3.2.2 IDCT hy Suhhand Coefficient Analysis 

An examination into subbancl cocf'tieient profiles 
fi:Jr various audio streams indicate that not all 
suhband coefficii,;lllS an, allocatcd with bits. For each 
zern s11bba11d coefficient in an N-point OCT, N 
multipl ications and N-I add itions arc saved. Sk ipping 
Lhc DCT matrix operation for zero subband 
coefficients permits us lo reuse older V vector 
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coclTicicnts for windowing. Statistically thcn, about 
50% of the 20118 multipl ies and 1984 additions 
required in the original DCT itnplcrncntatio11 arc 
eliminated. l impir ical analysis results dictate to an 
avcrnge ol' 80% n.:dll(.:tion in multipl ies and 70% adds 
per IO frnmc samples. These averages were taken 
over a wide range of diverse or au<lio clips, including 
jazz, classical, vocal pieces. A combination of DCT 
optimizations exploiti ng symmetric properties and 
subband coelTicicnl analysis yields LO empirical 
rcsulls or 90%, reduction or multiplies and 80% 
reduction nl' addilio11s compared lo the DCT 
p<.:1t'onnance of the ISO/MPFCi decoder. 

[.'igure 4 shows the bi t allocation prolilc across 
the spcelrnl subtends oF an audio frame Cragmcnt. I r 
no bits wcrc al located for a particular subband index, 
any attempts al applying the matrix transform 
operation wou ld only result in a waste orCPlJ cycles. 
I:or crlicicncy, zero hit ,1l localion samples arc 
dropped from th(; I DCT opcratio11, lhcrnby rel iev ing 
the synthesis filter bank, with no performance 
cu1npromises. Benefits arc added by applying bi t­
allm;ation analysis lo surround sound channels that 
have spares hit-allocation profiles, or to the 
bandwidth-limited phantom-coded center channel. 

,, . 
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trig, 4. Bit allocation across suhhands. 

Our statistical analysis nr subhancl cocllie ients 
indicates that close Lo 50%1 01· the subband 
coefficients arc not allocated across a diverse 
sc lcct io11 of musical scores and compliance 
hitstrcams. These arc the average values for I 0 
li·a111cs of various bit and sampl ing rate 
conligurations. Empirical results show that the uppcr 

half of the subband ind ices have a higher probabi l ity 
or :,,,eroing out. 

3.3 Graceful L>cgraclatiou 

Providing u11 intcrrupted audio at lnwcr-cosl 

requi res accurate real-ti rne tkcodcr systcm 
complexity measure such that efficient rcso11rcc 
al location can be attained. I lowcver, the rncasurc of 
processing power for rcal-t.imc operation or a 
solhvare-drivcn decoder remains a di fficult task . We 
assume lhal the abso luLe measure or decoder 
complexity can he determined by the Lolal decoding 
time with rcsrcct lo the bitstreani or in morc abstract 
measures, clc111cntary opcratio11s such as the I DCT / 
windowing opcralio11s. 

For each audio l'rnmc, the sub-baud fi l ter is 
repeated 12 or 36 Limes per channels depending on 
the I ,ayer. Since the l llCT ancl w i11dowing blocks arc 
cxcculcd wi th cvcry ilcratio11 o l' the sylltl1csis filter, 
they form the kernels that lie 011 the "critical path" ol' 
the decod ing process. t\ part from seal ing dow11 the 
rnul tiehanncl stream (from a 3/2 configuration to 2/ I 
frll' example) a more line-grained approach of 
graceful ly degrading t1uality of audio service is 
proposed in this paper. 

We devised two ways of' grace1'11lly degrading 
the audio output: Partial zerning of tilc /)(m) window 
cocfficicnls, and eliminating the upper hall' s11bhand 
coefficients of' the spcctrnl image. t\s shown in the 
latter hall' or thc window/overlap-a<ld block or Figure 
2, 32 time-domain samples S(1·h) arc ca lcu!l)[cd by 
Equation (4) w ith the generated 5 12 W(m). I lnwevcr, 
about 40% of the values or 1)(111) arc close tu being 
7.cro, hence the I6-poinl windowing operation can he 
reduced . It is also observed that most of the upper 
half' or the suhhand satnplcs arc zero. I knee, 11 )CT 
can be performed for on ly I <> subballcl samples. T he 
combined effort provides for minimal qual i ty or 
serv ice degradation J'or speedy decod ing. 

J.4 USP lmplemenfation 

The proposed Ml'l !G~2 decoder designs wen; 
implemented on a high-per lonn,ince OSI' wi th a 
Vl.I W a1d1itccturc. To 111ax1111Ize real-time 
performance, platform dependent and i11depcndc11t 
opLimi:t.atio11s were performed on the critical code 
segments. T iming of real-time co11111rnnication of' the 
1/0 subsystem, between host and the DSI' chip and 
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control of the output channel buffers, is essential to 
e11Mire continuous 1/0 operations, 

3.4. l DSP Architecture 

T h<.: proposed M PEG-2 audio decoder has been 
irnplem<.:ntcd and tested on a commen.:ial DSP 
development board, mounted on a hosl PC 191- The 
prou:ssm has a 200 M Hz, 16-bit fixed-point VI .IW 
core, clnimcd to run ar 1,600 M IPS. It implements a 
lnad-storn arch itecture and manifests two cross­
linkl:d dalapaths. each having four execution units. a 
spl it 4-Mbytc on-chip program and data memories. a 
unihinn gcneral-pmpose register fi le, operating on 
32/,iG-bit operands. The eight execution units include 
two multipliers, four /\ I .Us. two sh ift/logical units. 
l-le11ec, the processor can execute up to eight 
orthogonal 32-bit RISC-l ike instrncl ions in a single 
cycle, enabl ing it to achieve the high leve l ol' 
paral lel ism. Sal ie11r DSP fcatmes such as saturation 
log.ii.: and circular addressing arc supported . The 
development bm1rd is equipped with an array of 
peripherals such as 8 Mbytcs ol'global memory, llost 
Porl Inter face ( l lPI), external .IT/\G scan pa1h 
emu lation support, two-buffered serial ports, I 6-hi t 
stereo aud io inter face supporting standard sample 
rates of up to 48 k I lz. 

Implementing real-l ime multimedia stand,mls 
such as M PEG audio on programmable DSl's 
requires code adaptations to the native han.lware. 
lkspitc the ease in translating the Ml'EG standard by 
a h igh-levcl language such as C, the eftieient use of 
the processing power of the V LIW machine remains 
a difficult task. For maximal utilization of on-chip 
hardware resources, we have adopted both DSP and 
VUW architectural optimizations to the M PE( i 
algnrithrn. VLIW architecture dependent and 
independent optimization tt:chniques such as software 
pipelin ing, loop unrol ling and other DSP intrinsics 
[9] have been cm ployed to resolve time-crit ical loop 
blocks of lhc decockr. 

3.4.2 Real-time Communications 

Timing of' rca I-time operations ensures correct 
synchronous operation: al l data is produced and 
consumed at exactly the rate that i t is output or input. 
Decompression of audio signals arc characterized by 
an ampli fied data output that rar exceeds 1hc 
consumed input of encoded data, creating a 

processmg core that far exceeds that of the 1/0 
subsystem. The hardware architecture is designed to 
connect d irectly to a l'CI bus, as a PCI bus master. 
and to enable efficient use of tile PCI bus for real ­
time communication of'data between tl1c DSl' and the 
host. These bu ilt-in tcaturcs cnnblc cl'lkicnl sonware 
lo be prod uccd fur processing the streaming audio 
data. The soHwarc docs not need to be aware or the 
inpul data format, as it wi II be converted to the 
standard 16 bit stereo format without intermediate 
modi fications. ln addition, the software need not be 
aware of the origin of the data. The DMA engine 
automatical ly places the input data into a circu lar 
buffer. W hen data has heen consumed from the 
buffer the hardware automatically create the l)M/\ 
request and queue it for ri lling. /\ sim ilar process is 
used lo empty out buffers to the DAC. 

Once the data is available upon the completion 
of a synthesis fi l ter iteration, the reconstructed audio 
PCM data are rounded to the D/\C word width and 
copied to the i.:orresponding output channel FIFO 
huller. When buffers arc l'ull for all the spc<.:ilicd 
channels, audio data arc outplll through the DAC In 
conlrast wilh the input buffer stage, the decoder 
output process ing uses very fow MI PS hut a 
relatively large amount of memory. For each output 
channel, lhe decoder rcyuircs I 152-long l'CM sample 
buffers. 

IV. F,xpcrimcntal Results 
The performance of the proposed MPEG 

algorithm has been vct l idatcd on a lJNIX and 
implemented on the l)SP chip, using Ml'J:,G-2 
compliance lest st.ream sequences. Tables 3 and '1 
show the experimental ,·cstilts for the proposed 
decoder designs, compared w ith the performance of 
the ISO decoder and a modified ISO decoder with the 
synthesis fi lter employing a fast I DCT l7] . 

In Table J, the total number of mul tipl ications 
and additions requ ired in the proposed synthesis litter 
has been reduced to an average of 60% when 
eompan.:d to the modi fied ISO synthesis filter suh­
blocks. The average execution time infm111atio11 0 1· 
the proposed DSP-bascd decoder is reported in Table 
4, for M PE(;- 1 and Ml'LG-2 multicha1111cl bitstreams. 
Note tlrnt the direct implementation of the ISO 
decoder on the DSP chip docs not prov ide for 
successful rcctl-time performance, as portrayed by the 
Jazz and Class ical d ips. The proposed decoder 
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achieves a,1 avemgt..: or 60% spc<.:dup over t!ic 
modi lied ISO decoder 

T he results or Table 11 have direct implication 
upon dct:iding the lower hound lix l)SI' platforms for 
which d<.:r..:odcr systo.:ms .;an Ix: implc111<:ntcd. Alb-:it 
the modi lied ISO decoder meets the rnrrcnt real-time 
sp,:t:i ficat ions, it is certainly not a cost-effoctivc 
i111plcmc11talio11 since the hardware on which it was 
i111pleme11led is 01w or industry's high-end DSP cores 
,1vailahlc Loday. Consequc11tly, a foster decodcr 
dcsign opens the possibi l ity for a more eo~t-cffcetive 
implcmc11tatio11. Si111.:c real-Lime e11viro11111cnts put a 
premium 011 the availabi l ity of hardware resources, 
cosH;llcclivc implementat ions arc imperative. 

Another low-cost imple1m:11tatio11 for the Ml'I •:(; 
algorilh111 l i<:s in mlnpLing ..:0111 pulational ly grnl.:cful 
degradation (C( il)) lcdrniqw:s Lo comp11tat irn1 

intensive hloi.;k:; of !'he dci.;odcr. C(il)-bascd di:signs 
prov ide miuimu111 Quali ty or service (()oS) w hc1! the 
[>n)ccssi11g needs exceed lhc avai lable resources. We 
liiund those further reductio11s in MJ\C counts and 
decoder speedup, were possibk by a combination of" 
t.:lillli 11ati11g the upper hal f' of' the subhand cocrficients 
and lllilizing 11 I.rimmed D(m) wi11dowing function. 
lhc combined effort gives a guarantee towards 
meeting hmd real-Lime constraints of' 1hc wst­
d lccl i vc decoding systems. 

lhc proposed decoder has been irn plementcd on 
high-performance fixcd-poinL VUW USI'. The :·iniil 
implcmentaLio11 provides lix nc:ar- transparent rca l­
ti111e audio decod ing and reconslruclion of' !'CM 
samples. 

Table 3. Number of opcrnti<111s in IDCT and w indnw sd1cnws. 

C )pcrations 

IDCT 
hlnck 

II 
M1lltipl i­
cations 

II 
Add itions 

- ~ --~--- . 
j/ 

W i11duw M ultip li-
ino 

'"' block 

ISO 

2,048 

- --

512 

Modiiicd 
JSO 

.'\ 12 

496 

5 12 

49(, 

For Ml' l•:G-1/) 

/',.% 

Proposed 
1-'01 Ml)l•:( i-2 

only 
- lfcgra(bl 

M l'l·:Ci-I /:? 

384 -35 288 -41 156 -70 

350 -'.W -58 168 

- '---=-- ----=--- -- -'-- -

25(, -50 -SO 198 

- - - - I---!---- -- -

256 -52 -54 

* /•;.\p<.:riincocal results are compar.:cl against the modified ISO dc.:eodcr. 

·rahle 4. Execution time proli lcs of" r('a l-timc DSl'-bascd MPEG dcwdcrs. 

Total 
i---:xccution times or decoders (,cc) 

------.,-- -· ·- . 
Proposed 

- .. 

--J\uctio Cl ips play time Mocl iVicd - --

(s~<.:) ISO ISO 
1-"llt MPl~( i-1/2 For MPJ-:<i-2 Dcgr,1d0d 

only M l'EC,-1/2 

Jazz 32.8 36.5 18.7 11.2 9 (j 7.5 
-- - - - -

Classical 58.1 J<J, / j2 5 22.] 18.9 14.1 

V<lcal (Ml'li( :- 1) 
- - -- - - - - - - - - -2,1.J 214 10.5 7.1 - ,u: 

• T:011Jonn:111cc test 
----- - -

1(2 
------ - - ·- ----·-

5(, ? ,, 1.6 1.4 0.9 - ··' 

* L::xpc.:rimc11ta l resul ts me compared against the modified ISO decoder. 
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V. Conclusion & Future Researches Aclmowlcdgcmcnt 

In this paper, we descri bed a real-time 
realization of an M l'EG-2 audio decoder on a single, 
fixcd-poinl, VI.IW DSP chip. The proposed subbancl 
synthesis hank employs a decomposed matrix 
transform block for both MPEG- 1 and Ml'LG-2 
decoding, and an addit ional paramclcr analyzer block 
for 111ulticha1111el decoding. A decoder design 
implementing gracefu l clcgraclation lcchniques has 
been proposed as a low-cost alternative, by keeping 
output audio quality to a minimal level while hiking 
up perf'onmmce. Our effort concentrated on rcduci11g 
the number of' MAC operatio11s of the 
crnnputalionally intensive synthesis filter bank while 
preserving signal qualily integrity. 

For real-time realization on a DSI' chip, both 
l)Sl' and VLIW architccturnl optim izations were 
performed. Optimal performance results have been 
obtained by _judiciously adopting platform dependent 
and in<lcpcndcnt optimization techniques such as 
so liwarc pipel ining loop unrolling, an<l DSP 
intrinsics, without fill ling back 011 the usual boltom­
up assembly patch-up. Despiw the versatil ity of 
trnnslating and mapping complex standards onto the 
nat ivc LJSI' IHll'dwarc via h igh-lcvcl language, 
el'licicnt compi ler targels, robust and tightly 
inlegratcd debug/simulation environments arc sti l l 
yearned for. 

The final realization provides a 60% raster 
l lccoclcr when mal.ched ,1gainst the modified ISO 
decoder implementing a fast IDCT block in the 
synlhesis liltcr bank. Real-time performance 
obtaining near-transparent aud io decoding and 
reconstruction of PCM samples, have been achieved. 
The techniques described in th is paper can be 
extended the implementation or nrnlliplcxcd-with­
video applications, stand-alone low-cost decoder 
so lutinns, or elevated to core-based /\SIC designs 
with kw modifications. As for future CGD-bascd 
r·cal-timc decoder implementations, a prnetical 
complexity estimation policy for programmable cores 
need to be developed in order to accuralely predict 
decoding time, and thereby guaranteeing real-time 
pcrfonnanc<.: with resource allocation constraints. 

This work was supported partly by Daewoo 
Electronics Co. as part or Digital VDR Technology 
lkvclopmcnt Project. 
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