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Abstract. A newarchitecturesuitablefor aneffectivelow powerVLSI implementatiorof alargeclassof digital signalprocess-
ing algorithmsis presentedwhich showsto be particularlywell-adaptedo fulfil therequirement®f portableandautonomous
microsystemsStartingwith the precisespecificationsof the applicationalgorithms,an appropriateschedulingmethodis first
appliedto optimizethe dataflow. TheactualVLSI implementatioris thenperformedyesortingto parameterizedell compilers
for the automaticgeneratiorof the primary modules.As an example the implementationof an adaptivespectralsharpening
algorithmsuitablefor future all-digital hearingaidsis discussedThe resultingsilicon areais approximatelys mm? for a1.2 m

CMOS process, and the estimated power consumption at a sampling rate of 8 kHz is about 4 mW at 5V (0.65 mW at 2V).

1. Intr oduction

In the fields of telecommunicationshearingaids, and electronic
instrumentationthereis animportantdemandor newgenerations
of high performanceportable applications.The requirementsof
suchapplicationsare manifold, and can be expressedn termsof
improved functionalities, enhancedminiaturization,and reduced
power consumption to extend the system autonomy.

For flexibility andefficiency reasonsthe signal processindacili-

tiesto beincorporatecaremoreandmorerealizeddigitally onded-
icatedASICs.However,in orderto achieveoptimal solutionswith

respecto thepowerconsumptionthe designsshouldbeperformed
coherentlyand carefully at all levels, including the algorithmic,
architectural, logical, and layout levels.

This paperproposesa contributionto the designand optimization
of low powerVLSI architecturesuitablefor effectiveimplemen-
tationsof variousdigital signalprocessingDSP)algorithmssuch
asFIR andlIR filters, adaptivefilters, andFouriertransformsywith

a particularstrengthon the power consumptiorwhich shouldbe
kept as low as possible.

The principlesof the proposedarchitecturearediscussedn Chap-
ter 2, whereasChapter3 presentghe primary functionalmodules.
The designof thesemoduleshasbeenperformeddownto the lay-
out level to get a preciseestimationof the achievedperformance.
Hence,a set of functional moduleshas beendevelopedwhich,
when properly assembledind parameterizedprovide an efficient
solutionfor the ASIC implementatiorof a broadvariety of digital
filtering algorithms.

Finally, Chapter4 presentsanapplicationexamplefor anadaptive
spectral sharpening algorithm for digital hearing aids.

2. Processor achitecture

For digital CMOS circuits, the powerconsumptioris knownto be
essentiallydeterminedby the dynamicconsumptionwhich canbe
expressed as [1] :

P=f-Gq- Vd® (EQ 1)

wheref is the clock rate, Ceqthe equivalentcapacitanceandVVdd
the supply voltage of the consideredcircuit. All three quantities
should be kept as low as possible.

Substantiakavingscanbe achievedwith respecto the equivalent
capacitanc€eqby strictly limiting the processingctivitiesto the
resourceproviding a direct contributionto the requiredcomputa-
tions. Hence, the next principles were applied :

a) Idle modules should be set into aygr-sasiing STAND-BY
mode.

b) Theprocessoarchitecturendmodulesshouldbeorganizedin
a way to limit the @erall data transfer to the strict minimum,
local data tredfc being preferredersus global trét.

¢) Larger memories should be split into a set of smaller memo-
ries, where a single one is aetat a time.

Also, the structuralregularity of most DSP algorithmsshouldbe
utilized to simplify both the schedulingand the hardwareimple-
mentation.
Finally, thereis a globaltrade-offto bedeterminedetweerf, Ceq,
andVdd in orderto obtainthe optimalpowerconsumptionindeed,
reducingthe supplyvoltagelowersthe maximumachievableclock
ratedueto theincreasedignalpropagatiordelay.Hence,in order
to copewith therequiredcomputatiorthroughputjt is usuallynec-
essaryto extendthe parallelismof the architecture[2], which in
turnwill havean effecton the equivalentcapacitanceln this con-
text, the architectureshouldbe flexible enoughto let the degreeof
parallelism be best fitted to the considered application.

2.1 Poposed solution

Thedataflow of mostDSPalgorithmsfeaturesa sequentiahccess
to the data (e.qg. filter coefficientsand statevariables),and it is
thereforepossibleto recourseto sequentiamemoriesfor the data
storage This solutiondrasticallysimplifies the dataaddressom-
putation and decoding,and the signal data updatingrequired at
each sampling period is merely achieved by virtual data shifts.
This conceptcanalsobe appliedto morecomplexalgorithmssuch
as adaptivefilters and Fourier transforms,adjustingthe memory
addressing scheme when required.



Moreover,a serial-parallebrithmetichasbeenchoserfor thereal-
ization of the arithmeticunit, sinceit providesa processingate
which is high enoughfor mostfiltering applicationsin the audio
domain(samplingratesin therangeof 10 to 50 kHz), while keep-
ing the implementation complexity at an appropriate level.

Finally, the schedulinghasbeenhierarchicallyorganizedto limit
the processing rate of each module to the strict minimum [3].

3. Realization

The main functional modulesof the proposedarchitectureto be
discussedare the sequentiamemory,the arithmeticunit, andthe
sequencer.

3.1 Sequentially accessed memory

Basically, sequentiailmemoriescan be realizedeither using shift
registerbanks,or usingarraysof memorycells, in which caseall
cells of a givenrow are simultaneoushaddressedby a sequential
register.Contrary to the first solution, the secondone doesnot

bersis performedin 6 clock cycles)[4]. The numberof memory
accesses was also minimized.
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require any global data movement.

Comparingboth solutions, one observesthat for higher storage
capacities(number of words - numberof bits/word), sequential
array memoriesare more efficient with respecto areaand power
consumption4]. Conversely,shift registerbanksare more eco-
nomic for small memory sizes.

3.1.1 Sequential adessing seeme

Theclassicamemoryaddressingchemeelieson abinarycounter
followed by anaddresslecoderFor sequentiamemoriesa better
solutionfrom an areaand power consumptiorpoint of view con-
sistsin using a shift registerwhich is directly embeddedn the
memory structure.Figurel shows the principle of the retained
solution,which was furtherrefinedto avoid ary addressingonflict
by ensuring that a single dataws selected at a time [4].
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FIGURE 2. Arithmetic unit with auxiliary r egisters

3.3 Sequencer

Thesequencewasdesignedo supporta hierarchicakchedulingn
order to minimize the processingrate of all resources.The

sequencer is realized as a ROM-based finite state machine [3, 9].

3.4 Rerformance ealuation

The layout of the moduleswas designedn the COMPASSCAD
environmen{(1.2 m5vV CMOS CMN12 procesdrom VLSI Tech-
nology, Inc.). All modulescan be automaticallygeneratedising
parameterized cell-compilers.

The main characteristicare summarizedn Tablel for the case
where all data (coefficientsand state variables)are represented
with the same fixed point precision (Wc = Wd = W).
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FIGURE 1. Principle of sequential addessing

3.2 Arithmetic unit

Thescalarproductis certainlyoneof the mostfundamentabpera-
tionsin digital signalprocessingAccordingly, the arithmeticunit
was optimized for this purpose.

Thefilter coefficientsare handledusingBooth'srecodingscheme
to reduceat leastby a factor of two the numberof relevantpartial

productsoccurringin a multiplication. The chosensolution pro-

videsarecodingof two bits atatime, with a codingoverlapof one

bit [5].

Theresultingarithmeticunitillustratedin Figure2 computescalar
productdn full precisionandwasextensivelypipelinedto increase
the throughput(for instancethe multiplication of two 20 bit num-

Read/Write Arithmetic Sequencer
memory unit
Max clock rate || 25 MHz 20 MHz 25 MHz
(32-64hits) | (32-32hits) | (32 - 64 bits)
Paver (per read + (per multi- (per read
consumption || write g/cle) plication) cycle)
(enegy, given 8+ 110+W-62+ | 8+
in pJ) nbwrds-0.75 | W-W-7.8 nbwrds-0.75
W-14.5 + nbbits-1.75 +
nbwrds-W-0.7 nbwrds -
nbbits- 0.1
Area (120 + 1200 - (300 | (215 +
A=0.6umfor || W-23\) - +W-35\) nbbits-12) -
the CMN12 (280 + 7O\ +
technology) nbwrds-28) nbwrds-12)
TABLE 1. Main characteristicsof the constituent

modules

The indicated power consumptioncorrespondsto typical (i.e.
mean)valuesachievedeither from simulationsbasedon a set of
randominputs,or from an estimationof the transitionprobability
of each electrical node.



4. Application example

As an application example,the implementationof an adaptive
speechprocessingalgorithm suitablefor future all-digital hearing
aidswill be discussedThe consideredalgorithmaimsat improv-

ing the speechintelligibility/quality by spectrasharpening@andcan

beappliedto performeithera noisereductionor a speectenhance-
ment by slightly modifying the structure [6].

In the sequelof the paper,the discussiorwill be focussedon the
spectral sharpening algorithm for noise reduction.

4.1 Spectl sharpening for noiseeduction

Figure3 presentghe block diagramof the noisereductionalgo-
rithm where the core of the algorithmis given by the adaptive
decorrelatotogethemwith the analysisand synthesidilters. In the
scopeof this work, the elementaryfirst-order highpasdilter was
not considered for the VLSI implementation.

Thesefilters are processinghe speechsignalto actually achieve
the spectralsharpeningby applying an overall transferfunction
HZ)=[1-A@/B)]/[1-A(zly)] with (0<B<y<1l).

The requiredfilter orderis typically m = 8..10for speechsignals
sampled at &Hz. In this study, we have choser8.

4.2 Implementation specifications

An importantissueto betakeninto accountatbothalgorithmicand
implementationalevels are the nonlinear effects (overflow and
quantization)resulting from the finite precisiondatarepresenta-
tion. These effects were thoroughly analyzedand simulatedto
determinethe minimum datawordlengthand relatedscalingfac-
tors, to selectthe type of quantizationoperationto be used,andto
possibly simplify the division occurringin the decorrelator.A
companiorpaperpresentghis studyin detail[7], andthe obtained
results are summarized in Table 2.
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FIGURE 3. Spectral shaipening for noise reduction

Figure4 showsthe signalflow graphof the core of the algorithm.
The upperpartcorrespondso the decorrelatowhich wasrealized
using an adaptive gradient lattice filter.

Thedecorrelatois characterizethy amodularstructureandalocal
adaptatiorschemeawvherethe outputsignalsprovidedat eachstage
arefeaturinga decreasingautocorrelationThe partial correlation
(Parcor)coefficientskl, ..., km generatedn the decorrelatorand
updatedat eachsamplinginterval are transferredto the analysis
and synthesis filters.
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FIGURE 4. Signal flov graph of the come of the
algorithm

Sampling frequenc 8kHz

Filter order m=8

Data vordlengths: Pawer estimation Whnacc= 32 hits
(nacc on Figurd) (norm=64)
Coarse diision and Wkacc= 16 bits
k accumulation
(kacc on Figurd)
Decorrelator (48 mac)| Wdec= 16 bits
Analysis (22 mac) Wan =16 bits
Synthesis (22 mac) || Wsyn=16 bits

Quantization operators Sign magnitude

truncation

TABLE 2. Overall implementation specifications

(“mac” = multiply and accumulate)

In particular,the operationsmarkedasnacc andkaccin Figure4
could be simplified. Indeed,the optimal value of the parameten
showsto be insensitiveto the input signalandis aboutnqp; 0.98,
which canbeapproximatedy (1- 26. 28). Hence thecorrespond-
ing product can be processed with only two additions.
Furthermorethe division occurringin kacccanbe replacedby a
coarsedivision without any significant degradatiorof the output
signal[7]. Thisis achievedoy approximatinghe powerestimation
(divisor correspondindo nacc)by a powerof 2 andby shifting the
cross power (dividend at the input of kacc) accordingly [7].
Basically,four kind of operationshouldbe performedfor theexe-
cution of the algorithm: multiply and accumulate(mac), nacc,
coarse division and accumulate (kacc), and the quantization.
We havechosento implementthe algorithm on time-multiplexed
resourcesTo achievea sufficient computationatthroughput,the
mac and quantizationoperationsare executedon two (identical)
arithmeticunitsto beimplementedvith thedevelopedell-genera-
tors, whereasthe nacc and kacc operatorsare realizedseparately
using a low power standard cell library.

Finally, six differenttypesof resourcesrerequiredfor theimple-
mentationof the noisereductionalgorithm,namelyfour computa-
tion operators(mac, nacc, kacc and quantization), memoriesand
data buses.

4.3 Sbeduling

Oncethe neededesourcehavebeenidentified, the schedulingof
the algorithm can be performed.For this purpose,we usedan
adaptedversionof the optimizationtechniqueknown as “TABU



search”[8] which is particularlywell suitedfor the schedulingof

DSP algorithms at the macro-cycle level (multiplication time).

In order to obtain a regular schedulingand to localize the data
transferspnemacunit is boundwith the operationf thedecorre-
lator, whereasthe other mac unit is boundwith the analysisand

synthesidilters. The obtainedschedulinghasaniterationperiodof

48 macro-cyclesvith a computationaload of 100% for the first

mac, and of about 9% for the second one.

The fine grain schedulingperformedat the level of elementary
clock cycles theresourceallocationandthe splitting of the memo-
ries into smaller units are currently made by hand. Finally, the

sequencer is designed accordingly.

4.4 Results

The different modulesand the floorplan of the core of the noise
reductionalgorithmwere designedn the COMPASSCAD envi-
ronmentfor the 1.2 m5V CMN12 CMOS processfrom VLSI
Technology. The resulting silicon area is approximate‘r}m?.
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FIGURE 5. Floorplan of the ASIC implementation

The power consumptionwas estimatedfor Vdd=5V using
Tablel togetherwith complementarysimulationsfor the special-
izedmodules As canbe observedn Table3, the majorpartof the
power consumptionwhich is about4 mW at a samplingrate of
8 kHz, is absorbed by the multiplication operations.

Resources Number of Enepy per Total enegy
proc. gcles | cycle (innd) | (innJ)
Mac 16-16 bits 92 31 285
n acc 8 25 18
kacc 8 0.5 4
All memories - - 50
Sequencer - - 26
Data transfers - - 50
Control signals - - 24
TOTAL - - <500
TABLE 3. Power consumption estimation per

sampling interval (Vdd =5V)
Sincethecomputationamarginof thecircuitis higherthan10,it is
possibleto lower the supply voltagedownto 2V, andthe power

consumptioncan be reduced by a factor of 6, resulting in
P 0.65mW andldd 0.33mA. Furtherverificationsshouldbe per-
formed at that level.

5. Conclusion

This paperproposesa new architecturefor the low power VLSI
implementatiorof DSP algorithms.This architecturds in particu-
lar intendedo be usedfor portableandautonomousnicrosystems,
andwasappliedasan exampleto theimplementatiorof a spectral
sharpening algorithm for digital hearing aids.

In the short term, the future extensionsof the project will be
focussedon improving the data flow optimization (fine grain
scheduling,resourceallocation),including an automatedgenera-
tion of the sequenceilit is further previewedto extendthe module
library with severalessentiafunctionalitiesneededor therealiza-
tion of completemicrosystemsij.e. other digital operators AD /
DA converters, and mixed-mode modules.
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