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Abstract

Cellularphonesrepresentahugeandrapidlygrowingmarket.A crucialpartof thedesign

of thesephonesis to minimisethepowerconsumptionof theelectroniccircuitry, asthis

to a largeextentcontrolsthesizeandlongevityof thebattery.Oneof themajorsources

of power consumptionwithin the digital componentsof a mobile phoneis the digital

signal processor(DSP) which performsmany of the complex operationsrequiredto

transmit and receive compressed digital speech data over a noisy radio channel.

This thesisdescribesan asynchronousDSP architecturecalledCADRE (Configurable

AsynchronousDSP for ReducedEnergy),which hasbeendesignedto haveminimal

power consumptionwhile meeting the performancerequirementsof next-generation

cellularphones.Designfor low powerrequirescorrectdecisionsto bemadeat all levels

of thedesignprocess,from thealgorithmicandarchitecturalstructuredownto thedevice

technology used to fabricate individual transistors.

CADREexploitsparallelismtomaintainhighthroughputatreducedsupplyvoltages,with

4 parallelmultiply-accumulatefunctionalunits.Executionof instructionsis controlledby

configurationmemorieslocatedwithin thefunctionalunits,reducingthepoweroverhead

of instruction fetch. A large registerfile supportsthe high data rate requiredby the

functionalunits,while exploiting dataaccesspatternsto minimisepowerconsumption.

Sign-magnitudenumberrepresentationfor datais usedto minimiseswitchingactivity

throughoutthesystem,andcontroloverheadis minimisedby exploitingthetypical role

of the DSP as an adjunct to a microprocessor in a mobile phone system.

Theuseof asynchronousdesigntechniqueseliminatesredundantactivity dueto theclock

signal, and gives automatic power-down when idle, with instantaneousrestart.

Furthermore,eliminationof theclocksignalgreatlyreduceselectromagneticinterference.

Simulationresultsshowthe benefitsobtainedfrom the different architecturalfeatures,

anddemonstrateCADRE’s efficiencyat executingcomplexDSPalgorithms.Low-level

optimisationwill allow thesebenefitsto befully exploited,particularlywhenthedesign

is scaled onto deep sub-micron process technologies.
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Chapter 1: Introduction

Over the past twenty years, the mobile phone has emerged from its early role as toy for a

few wealthy technophiles to establish its current position as a true mass communication

medium. Sales of mobile phone handsets are vast and rapidly increasing, with the number

of subscribers having increased from 11m in 1990 to 180m people in 1999 [1]. Part of this

rapid growth can be attributed to the decrease in price of the handsets, to the point that

mobile network operators are able to actually give away handsets, defraying the cost in

the revenue gained from contract fees and call costs. The low unit price makes this market

extremely competitive, with manufacturers vying with one another to find differentiating

features that give their phones a competitive advantage over those of their rivals.

However, one factor dominates when distinguishing between phones: the size and weight

of the handset. This is largely controlled by the trade-off between battery size and battery

lifetime, which itself is controlled by the power consumption of the circuitry within the

handset. Licensing of radio bands for third-generation cellphones, supporting high

bandwidth data transfer, have recently taken place with bids reaching unprecedented

levels [2]. The high commercial stakes and the imminent arrival of new high performance

technologies therefore make mobile phones a very important application for low power

circuit design.

Modern cellphones are based on digital communication protocols, such as the European

GSM protocol. These require extremely complex control and signal processing functions,

with the phones performing filtering, error correction, speech compression /

decompression, protocol management and, increasingly, additional functions such as

voice recognition and multimedia capabilities. This processing load means that the digital

components of the phone consume a significant proportion of the total power. The bulk

of the remaining power is used for radio transmission. The required radio power is fixed

by the distance to the base station and the required signal-to-noise ratio, and will decrease

as the number of subscribers increases and cell sizes decrease to compensate. Also,

mobile communication devices will increasingly be used as part of local wireless

communication networks such as the Bluetooth wireless LAN protocol [3], where the

transmitted power is very low. It is therefore clear that the key to reduced power
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consumption for both current and future generations of mobile phone must be found in the

digital subsytems.

These digital subsystems are typically based on the combination of a microprocessor

coupled by an on-chip bus to a digital signal processor core. The microprocessor is

responsible for control and user-interface tasks, while the DSP handles the intensive

numerical calculations.

An example of a current part for GSM systems is the GEM301 baseband processor

produced by Mitel Semiconductor [4], which contains an ARM7 microprocessor coupled

to an OAK DSP core. A study of the literature for this product revealed that within the

digital subsystem, the DSP is responsible for approximately 65% of the total power

consumption when engaged in a call using a half-rate1 speech compression /

decompression algorithm (codec).

It can be expected that this proportion of the total power consumption will increase in

future generations of mobile phone chipsets as the complexity of coding algorithms

increases. For this reason, it would appear that the most benefit can be gained by reducing

the power consumed by the DSP core. This thesis deals with the role of the DSP in mobile

communications, and how the design can be optimised for this important application.

1.1 Digital Signal Processing

A generic analogue signal processing circuit, as shown in Figure 1.1a, consists of one or

more input signals being processed by a bank of analogue circuitry such as op-amps,

capacitors, resistors and inductors to produce an output with the desired characteristics.

Subject to a few conditions, such a system can be described in terms of its transfer

function H(s) in the Laplace transform domain. The digital counterpart to this, in Figure

1.1b, simply converts the input signals to sampled digital form, processes them according

to some algorithm, and converts the output of this algorithm back into analogue form. A

1. The GSM protocol defines transmission of speech data with two different levels of compression, or rates.
Full-rate compression produces output data that occupies an entire transmission frame. Half-rate compres-
sion produces output such that two speech channels can fit into a single transmission frame.
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digital systemmeetingsimilarconditionsto itsanaloguecounterpartcanalsobedescribed

by a transfer function H(z), this time in the Z-transform domain.

Figure 1.1  A traditional signal processing system, and its digital replacement

The fundamentalmathematicsdescribingboth typesof systemhavebeenknown for

nearly200years:Laplace[5] developedthetransformthatbearshisnamefor describing

linear systems,but accordingto Jaynes[6] he also developeda mathematicsof finite

differenceequationsthatdescribes“...almostall of themathematicsthatwefind todayin

the theory of digital filters”.

Althoughcompletesystemscanperformvery complexfunctions,themajority of signal

processing operations can be broken down into combinations of the primitive

mathematical operations shown in Table1.1 [9].

FIR filter

IIR all-pole filter

General filter

Cross-correlation

Discrete Fourier
transform

Autocorrelation

Table 1.1: DSP primitive mathematical operations
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1.1.1 Evolution of digital signal processors

Thetechniquesof digital signalprocessinghavebeenusedto analysescientificdatasince

theadventof themainframecomputer,with theoperationsoccurringoff-line ratherthan

in realtime.However,therapiddevelopmentof integratedcircuitshasledto thepractical

applicationof digital signalprocessingtechniquesin real time systems.It is essentially

the arrival of low-costhigh performancedigital signalprocessingthat hasenabledthe

mobile telecommunications revolution which we see around us.

The developmentof digital signal processorshas largely trackedthe developmentof

generalpurposemicroprocessorsthroughimprovementsin devicetechnology.However,

DSPshaveevolveda numberof distinguishingarchitecturalfeatures.The fundamental

DSPoperationsin Table1.1areall basedaroundthesummationof a seriesof products.

The key operationwithin digital signalprocessorsis thereforethe multiply-accumulate

(MAC) operation,andoneof themaindistinguishingfeaturesof a DSPasopposedto a

generalpurposeprocessoris the dedicationof a significant amountof areato a fast

multiplier circuit in order to optimise this function [7], [9].

As earlyas1984,real-timedigital signalprocessinghadestablisheditself in anumberof

applications [7]. These included:

• Voice synthesis and recognition

• Radar

• Spectral analysis

• Industrial control systems

• Digital communications

• Image processing including computer axial tomography, ultrasound, lasers

• High speed modems and digital filters for improving telephony signal quality

• Audio reverb systems

• Psychoacoustics

• Robotic vision systems

Theperformancerequirementsfor manyof theseapplicationscouldonly bemetat this

timeby costlycustomcircuits,with little or noflexibility. Fewof theseapplicationswere
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intendedfor themassconsumermarket,althougha few notableexceptionsexistedsuch

as the Texas InstrumentsSpeak’n’Spell children’s toy.

Possiblythe first truly programmableDSP chip was the Intel 2920, “the first single

microcomputerchip designedto implementreal-timedigital sampleddatasystems”[7].

This architecturevery closelymirroredthegenericsignalprocessorof Figure1.1b,with

a multi-channelanalogue-to-digitalconverter,a smallscratchpadmemory,anALU and

shifterto implementmultiplicationby aconstant,andamulti-channeldigital-to-analogue

convertercontrolledby aprogramEPROMof 192words[10]. However,thearchitecture

hadlittle flexibility, andthelackof amultiplier leadssometo claimthatit wasn’ta ‘real’

DSP: in his after-dinnerspeechat DSP World in Orlando in 1999 [8], Jim Boddie

(formerly of Bell Labs,currentlyexecutivedirectorof the Lucent / Motorola StarCore

developmentcenter)claimedthis honourfor theBell LabsDSP1,which wasreleasedin

1979.

An early DSP chip with increasedflexibility was the pioneeringTexasInstruments

TMS32010DSPchip from 1982,whosearchitecturalinfluencescanbeseenin manyof

thedesignswhich followed [11]. This wasa NMOS device,operatingat a clock rateof

20MHz with a 16 bit dataword length.Includedin thearchitecturewerea 16 by 16 bit

multiply with a32bit accumulatein twoclockcycles,separatedatabusesfrom instruction

anddatamemory,abarrelshifterandabasicdataaddressgenerator.It wasalso“the first

(DSP) oriented chip to have an interrupt capability” [7], making it comparablein

flexibility to the general purpose microprocessorsof the time and suited to

computationallyintensivereal-timecontrol applicationssuchaselectricmotor control

andenginemanagementunits.However,this processorwassomewhatrestrictedby an

addressbussharedbetweenprogramanddatamemories,slowexternalmemoryaccesses,

limited addressingfor externaldataand slow branchinstructions[9]. Someof these

restrictionswereremovedby its successor,theTMS32020,whichhadexpandedinternal

memory, fasterexternalmemoryaccessesfor repetitivesequencesand more flexible

address generations.

Oneof theearly‘third generation’DSPswastheAnalogDevicesADSP-2100[12], which

hasmostof thefeaturescommonin subsequentdevices.Thishadseparateaddressbuses

to programanddatamemories,avoidingresourceconflictsandallowingsustainedsingle-
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cycle multiply accumulate operations at 12.5MHz. Sustained operation was supported

with flexible data address generators, pipelining and a zero-overhead branch capability.

1.2 Architectural features of modern DSPs

The evolution of the architecture of modern DSPs has centred about the requirement to

perform the multiply-accumulate operations for the various algorithms at the maximum

possible rate. While a fast multiplier circuit is clearly necessary, this alone is not sufficient

to guarantee high performance. The surrounding architecture must also be structured in

such a way that the instructions and data for each operation can be supplied at a speed that

does not limit the performance. This has led to a number of architectural features that are

common to virtually all current DSPs, as shown in Figure 1.2.

Figure 1.2  Traditional DSP architecture
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1.2.1 High performance multiplier circuits

The multiplication of two binary numbersis essentiallya successionof shift and

conditional add operations, as illustrated in Figure 1.3a. Different multiplier

implementationsadoptdifferent strategiesin orderto performthe requiredsequenceof

operations.In a general-purposemicroprocessor,a multiplier may be implementedby

meansof an addercircuit andshifters,sequentiallyperformingthe seriesof shifts and

addswith theproductaccumulatedin a latch,asshownin Figure1.3b.This is efficient in

area but slow. DSP multipliers, therefore, trade an increase in area for faster

multiplicationby performingtheadditionssimultaneously,in parallel.Thisgivesthetree

multiplier configurationof Figure1.3c.A numberof refinementsto thisconfigurationare

possible,to speedthesummationprocessandto reducethenumberof summationswhich

needto be performed.More details can be found later in this thesis,in the section

“Arithmetic / logic datapath design” on page184.

Figure 1.3  Multiplication of binary integers
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1.2.2 Memory architecture

With considerable resources dedicated to high speed arithmetic circuits, it is important to

keep them occupied as much as possible. This requires DSPs to maintain a high

throughput of data between memory and the processor core. Conventional

microprocessors have historically used the Von Neumann architecture, where programs

and data are viewed as occupying the same contiguous memory space thereby allowing

data to be freely interspersed within the program being executed. Program and data words

are fetched from memory using the same bus, which leads to a potential bottleneck. To

avoid this, digital signal processors are usually based around the Harvard architecture,

where program and data memories are separated and accessed through independent buses.

Merely separating program and data memories is generally insufficient, as many DSP

algorithms require two new data operands per instruction, and so some form of modified

Harvard architecture is chosen such as in the Motorola 56000 series DSP [14], which has

three separate memories: P (program) and X/Y data memories. Many DSP algorithms

map quite naturally onto this architecture, such as the FIR filter where data and filter

coefficients reside in X and Y memories respectively. Usually, this separation of

memories only applies to the on-chip memory around the processor core, with a larger

unified store elsewhere. Viewed in this context, the separate memories act as independent

instruction and data caches, although they are usually under the explicit control of the

programmer.

1.2.3 Data address generation

Given pathways over which the data can be transferred, the other requirement to keep the

arithmetic elements fully occupied is to be able to locate the data within the memories. A

general-purpose microprocessor uses the same arithmetic circuits to perform both

operations on data and calculations on memory pointers. However, this means that time

is spent with the expensive multiplier circuits idle. To allow the maximum throughput to

the multipliers, DSPs use separate address generator circuits to calculate the address

sequences for data memory accesses in parallel with the multiply-accumulate operations.

The data address generators provide support for the specific access patterns required in

DSP algorithms; namely circular buffering and bit-reversed addressing.
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Circular buffers are used in many algorithms where processing iterates over a fixed block

of addresses. A buffer occupying buffer_size memory locations from buffer_base

can be described in C as follows, with addr being the current pointer to the data and

offset being the change in address.

addr = addr + offset;
if (addr > (buffer_base + buffer_size) )
{

/* Gone past end of buffer */
addr = addr - buffer_size;

}
else if (addr < buffer_base)
{

/* Gone past start of buffer */
addr = addr + buffer_size;

}

Having this type of construct implemented in hardware means that, for example, FIR

filters can be performed without any interruption to the sequence of multiply-accumulate

operations by setting up circular buffers for the data and filter coefficients.

Bit-reversed addressing is primarily required for fast Fourier transforms [9] [13] [15],

where the rearrangement of the discrete Fourier transform equation, in Table 1.1 on

page 16, requires the data to be accessed in bit-reversed sequence from the start (base)

address as shown in Table 1.2. This can be performed either by physically reversing the

order of the wires entering and leaving the address offset adder, or by reversing the

direction of carry propagation.

Stage Address fetched

0 (000) Base + 0 (000)

1 (001) Base + 8 (100)

2 (010) Base + 4 (010)

3 (011) Base + 6 (110)

4 (100) Base + 2 (001)

5 (101) Base + 5 (101)

6 (110) Base + 3 (011)

7 (111) Base + 7 (111)

Table 1.2: Bit-reversed addressing for 8-point FFT
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1.2.4 Loop management

In many DSP algorithms,the majority of time is spentexecutinga fixed numberof

iterationsof a loop. In a conventionalmicroprocessorsucha loop would bemanagedby

decrementinga loop counter after each pass through the loop and performing a

conditional branch, written in pseudo assembly language as follows:

move #count,d1
loop:

{perform operation}
sub #1,d1
bnz loop

However,wherepipelining is employed,suchprogramstructurescausebranchhazards

dueto thedependencyof anearlystageof thepipeline(instructionfetch)on theresultof

a previouscalculation.This necessitateseitherthepipelineto bestalled,which is simple

but interruptsprocessing,or complexspeculativeexecutionto beimplemented,wherethe

branchdirection is ‘guessed’and incorrect instructionsare flushedfrom the pipeline

should the guessprove wrong. Also, the calculationof the branchtarget is a further

overhead on each iteration unless a branch target buffer is employed.

Where loops with a fixed numberof iterationsare employed,it is possibleto bring

additional hardwareto bear, taking the subtractionof the loop counter out of the

processingpipelineandtherebyeliminatingthepossibilityof branchhazards.This leads

to the following loop structure:

do #count,n
{perform operation}

The‘do’ instructioncausesthestartaddressandendaddressof theloop to becalculated

andstored,andaninternalloopcountertobeloaded.Whentheprogramsequencerdetects

theendaddress,thestartaddressis immediatelyloadedinto theprogramcounterwithout

interruptingprogramflow. At thesametime, theloop counteris updatedin parallelwith

the executionof the instructionsin the loop. Oncethe loop counterreacheszero,loop

modeendsandexecutionproceedsnormally.Manyalgorithmsalsorequirenestedloops,

which canbe achievedthroughthe useof a stackfor the loop start address,loop end

address and loop count.
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1.2.5 Numerical precision, overflows and rounding

In a digital signalprocessingsystem,theprecisionwith which signalscanbestored,and

thereforethemaximumavailablesignalto noiseratioof theprocessingsystem,is defined

by thetotalnumberof bitswith whichdatais representedin digital form.Two mainforms

of representationareused:floatingpointandfixed point.Floatingpoint representationis

themoreflexible form,with datarepresentedby amantissa andanexponent. Thenumber

of bits allocatedto the mantissadefinesthe precision,while the size of the exponent

controlshow largea dynamicrangecanbe represented.The ability to representa very

wide dynamic range with constantprecision makesprogrammingof floating point

systems very straightforward, reducing possible problems of over- and underflow.

Thedrawbackwith floating point representationis that therequiredarithmeticunitsare

large,complexandpower-hungry.For this reason,fixed point representationis preferred

for low powersystems.A fixed point representationis like a floating point numberwith

noexponentbits.Theprecisionismaximized,butthedynamicrangeis fixed to thatwhich

can be representedby the numberof bits available.The fixed dynamicrangecauses

problems when the magnitude of a result exceedsthe maximum possible value

(overflow), or the magnitudeof a result is smaller than the minimum possiblevalue

(underflow).Overflow, underflowandthemaintenanceof thedynamicrangeof signals

causesignificantdifficulties in thedesignof algorithms.However,anumberof hardware

elements commonly included in fixed point DSPs can ease the programming task.

Oneapproachfor reducingtheeffectsof overflow is to implementsaturation arithmetic

in the processingelements.When a result exceedsthe maximumpossiblepositive or

negativevalue,it is simply limited to that maximumvalue.This avoidsthe very large

error that would be introduced by a conventional 2’s complement binary overflow.

The result of a multiply or multiply-accumulateoperationin a DSP goesto a high

precisionaccumulator,which holdsat leasttwice thenumberof bits asthevaluesbeing

multiplied. It is commonfor theaccumulatorsto havesomeadditionalguard bits, which

guaranteethat a certainnumberof operationscan be performedbeforeoverflow can

occur.Roundingof theleastsignificantportionof theaccumulatorreducestheerrorwhen

convertingbackfromthehighprecisionaccumulatorrepresentationto thelowerprecision
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representation(for example,whenstoringtheresultof acalculationin memory),andit is

also commonto implement the saturationarithmetic at this point, rather than when

performingcalculations,so thatanypossiblelossof precisionoccursaslateaspossible

in the process.

Maintaining the signal to noise ratio in the processing,and avoiding underflow or

overflow,requiresthattheinputsignalbescaledappropriately.Thiscanbeachievedmost

easilyby the useof a shifter. Additional hardwareto detectwhendatais approaching

overfloworunderflowcanbeusedto implementautomaticshiftingof thedatatomaintain

the precision,giving so-called‘block’ floating point wherean exponentis storedfor a

block of data at a time and updated at the end of processing.

1.3 Architecture of the GSM Mobile Phone System

While thenextgenerationof mobilecommunicationsdevicesareverymuchontheirway,

thelargeinvestmentin currentGSMnetworksandthehugenumberof subscribersmean

that the GSM systemis likely to remain in usefor sometime to come.This section

examinesthe requirementsof currentGSM systems,and the evolution towardsthird-

generation mobile communications.

In the early 1980s, a variety of analoguecellular telephonesystemswere gaining

popularitythroughoutEuropeandthe restof theworld, particularlyin Scandinaviaand

theUK. Unfortunately,eachcountrydevelopedits ownsystemmeaningthatuserscould

only operatetheir mobilephonewithin a singlecountryandmanufacturerswerelimited

in the economies of scale that they could apply to each type of equipment.

To overcome these difficulties, the Conference of European Posts and

Telecommunications(CEPT) formed the GroupeSpécialMobile (GSM) to developa

commonpublic landmobilesystemfor thewholeof Europe.Someof theaimsof thenew

systemwere to provide good subjectivespeechquality, to be compatiblewith data

servicesandto offer goodspectralefficiency,all donewhile keepinga low handsetcost.

In 1989, responsibility for the emerging standard was passedto the European

TelecommunicationsStandardsInstitute(ETSI) andphaseI of the GSM specifications

was released in 1990.
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In contrast to the established analogue cellular telephone systems of the time (AMPS in

North America, TACS in the U.K.), GSM was a digital standard. A digital protocol gives

flexible channel multiplexing, allowing a combination of frequency division multiplexing

(FDMA), time division multiplexing (TDMA) and frequency hopping. Frequency

hopping allows the effects of frequency-dependent fading to be reduced, while TDMA

and FDMA provide high capacity when coupled with compression and error-correction

coding of the speech data. A digital transmission channel allows data and image traffic to

be carried without the need for a modem, and decouples channel noise from speech

transcoding noise.

The overall network aspects of the GSM system (GSM layers 2 and 3), including such

issues as subscriber identity, roaming, cell handover management etc., are extremely

complex: the whole standard fills thousands of pages over many documents. A good

introduction is given in [16], while an overview can be found in [17]. For the purposes of

this thesis, the points of interest are the computationally intensive real-time tasks required

at the mobile station relating to the speech transcoding [18] [19] [20], channel coding [21]

and equalization [22] (GSM layer 1). A block diagram of the encoding and decoding

processes is shown in Figure 1.4.

20ms of digitised speech data, sampled at 8kHz, is processed by the speech coder. This

produces a compressed data block of 260 bits. Error correction coding is performed on

this data, with a combination of block coding of certain bits followed by convolutional

coding. The error control coding increases the size of the data to 456 bits. This data is then

split into 8 subframes of 57 bits by the interleaver, and these subframes are grouped into

24 blocks of 114 bits per 120ms. A further two blocks of signalling data are added, to

produce the TDMA traffic channel as shown in Figure 1.5. The fundamental transmission

unit in the TDMA system is the burst period (BP). This contains 114 bits of data, 6 dummy

tail bits, a further 8.25 bit guard period, 2 bits to indicate whether the data is being used

for signalling purposes, and a training sequence in the middle of the burst period. The

training sequence is used to allow an adaptive equaliser in the receiver to compensate for

the channel characteristics under which the current block is transmitted.

8 of the burst periods grouped together makes up a TDMA frame, and each user is

allocated one burst period in each frame (allowing up to 7 other users to simultaneously
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make use of that frequency). The TDMA transmissions take place over 124 200kHz-

bandwidth channels spread over a 25MHz band. Different 25MHz bands are employed

for the uplink from the mobile station to the base station and the downlink in the opposite

direction, and the transmit and receive bursts are separated in time by 3 burst periods. This

separation in both time and frequency eases the complexity requirements of the radio

transceiver in the mobile station.

At the receiver, the RF signal is demodulated and the baseband in-phase and quadrature

signals are sampled and processed by an adaptive filter. This filter is optimized for the

channel conditions for each burst by making use of the training sequence in the middle of

the burst period. The data subframes are then extracted, deinterleaved and decoded using

a Viterbi decoder followed by a block decoder. Finally, the speech data is decoded, and

converted back to an analogue audio signal.

Figure 1.4  Simplified diagram of GSM transmitter and receiver
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When the original GSM specification was drawn up, it was envisaged that the majority of

the processes would be carried out by ASIC components. However, it was generally

accepted at the time that the speech transcoding was best performed by a programmable

DSP and, once included in the system, other tasks such as equalisation and channel coding

were assigned to give increased flexibility [23]. As the power of DSPs has increased, so

the proportion of tasks allocated to it have grown. A typical division of the tasks within

current baseband processors is shown in Figure 1.6. The main GSM layer 1 tasks in terms

of DSP utilisation are channel equalization, channel coding (which is dominated by the

Viterbi decoder), and speech coding. A brief description of these functions and the

processing required by them now follows.

1.3.1 Channel equalization

The channel equalization is not specified by the GSM standard, allowing manufacturers

to differentiate their products by the use of proprietary equalization schemes. The purpose

of the equalizer is to compensate for inter-symbol interference, multipath fading and

adjacent channel interference. The general form of a channel equalizer is shown in Figure

Figure 1.5  TDMA frame structure in GSM
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1.7. The training portion of the received burst period is used to adapt the filter parameters

so as to minimise the error between the output of the filter and the known sequence. Once

the filter has been optimised, it is used to process the entire burst. Commonly, a FIR filter

is used as the processing element. A variety of techniques exist to optimise the filter

parameters, such as the LMS algorithm or simpler variants using gradient descent of the

error function [24]. A technique commonly employed in GSM systems is maximum-

likelihood sequence estimation (so-called Viterbi equalization) [25]. In these systems, the

channel impulse response is estimated from the training sequence. Given the received

sequence, the most likely transmitted sequence can be estimated using a trellis search

similar to the soft-decision Viterbi algorithm for error control coding. This is

computationally expensive, but any hardware accelerators added to perform this function

can also be used to perform Viterbi decoding for the channel coding part of the

specification.

1.3.2 Error correction and Viterbi decoding

As mentioned previously, there are two levels of error control coding employed in the

GSM system [21]: cyclic redundancy coding (block codes) followed by convolutional

Figure 1.6  Division of tasks between DSP and microcontroller (after [23])
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coding. The type of coding used depends on the type of data being transmitted over the

channel.

For speech channels, the data is split into two classes: class 1 bits are those that have been

found to be subjectively most important to the resulting speech quality, with the

remainder being class 2 bits. Class 1 bits have error coding performed on them, while

class 2 bits are transmitted without error correction. Full and half rate speech channels use

single level cyclic redundancy coding (CRC) to check for transmission errors, with the

transmitted block being discarded if an error is detected. Enhanced full-rate speech

channels use a two-level cyclic redundancy code. Control channels are protected with Fire

coding, a special class of cyclic code designed to correct burst errors [26]. One of a

number of different convolutional coding schemes are then applied, depending on the

type of data to be transmitted.

Generation of both cyclic and convolution codes is readily achieved using simple shift

register and XOR gate structures, such as the one shown in Figure 1.8. These functions

can be performed by the DSP, but frequently it is more power-efficient to allocate these

tasks to simple coprocessor circuits. Decoding of cyclic codes can be done using very

similar shift-register based circuits such as the Meggitt error trapping decoder [26].

Decoding of convolutional codes is a very much more complex matter. The most common

method for decoding convolutional codes is to use the Viterbi algorithm [27]. The encoder

can be thought of as a simple state machine with 2k-1 states, where k is the constraint

length of the code (5 in the example shown in Figure 1.8). Each input bit causes a state

change, and a particular symbol to be transmitted.

Figure 1.7  Adaptive channel equalization
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The taskfor thedecoderis to examinethe receivedcodesymbolsanddeterminewhich

sequenceof state changes(and therefore which sequenceof transmittedsymbols)

occurredat theencoder.TheViterbi algorithmselectsthepathwhich givesanencoded

sequencewith theminimumHammingdistance(numberof differentbits) to thereceived

value, and producesan output appropriately.The methodusedto decodea received

sequenceis to startin theinitial state,andfollow all possiblepathsfrom there,summing

the total difference(path metric) betweenthe receivedsequenceand the theoretical

transmittedsequence.Wheretwo pathscombine,thepathwith thelowertotalpathmetric

is chosenasthesurvivor: this is wherethedifferencelies betweentheViterbi approach

andthe brute-forceapproachof checkingall possiblepaths,andallows the processing

complexity to be independent of the number of transmitted bits.

For eachstate,thereare two possiblepathsleading to that state,and two leaving it.

Therefore;for eachsymbolreceived,it is necessaryto performtwo additionsto calculate

the two pathmetricsleavingeachnode,to performa comparisonto determinethepath

with thelowererrorarrivingateachnode,andto selectthepathwith lowererrorto bethe

newdistancemetricthatwill proceedforwardfrom thatnode.For theconstraintlength5

and7 codesusedin GSMfull- andhalf-ratespeechchannels,theloadcorrespondsto the

evaluation of 32 and 128 path metrics per received symbol.

1.3.3 Speech transcoding

Thespeechcompressionalgorithmsusedin theGSMsystemareclassifiedas‘analysisby

synthesis’(AbS) techniques[28]. A modelof humanspeechgenerationis used,andthe

Figure 1.8  1/2 rate convolutional encoder for full-rate channels
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parameters of the model are chosen such that the synthesised speech resembles the

original speech as closely as possible. It is then the parameters of this model that are

transmitted, and these parameters are used to synthesise the speech signal at the receiver.

AbS techniques form a compromise between high quality high bit-rate transmission

techniques such as PCM at 64kbit/s, and low quality low bit-rate techniques such as

vocoding which produce a very artificial sounding result at 2kbit/s and below. The

particular form of model used in the GSM system is shown in Figure 1.9. This class of

model uses linear predictive coding (LPC) to model the frequency response of the human

vocal tract, driven by a long term prediction (LTP) filter which models the pitch

component supplied by the vocal chords. The whole system is driven by a residual

excitation signal, which is derived differently for the different classes of speech

transcoding (full rate, enhanced full rate or half rate). Speech transcoding was the part of

the original GSM specification that was considered most suited to DSP implementation:

the following section describes the original full rate coder in some detail, and highlights

the differences in the newer half rate and enhanced full rate schemes. The encoding is the

most computationally intensive part of the transcoding process, as it involves estimation

of the parameters of the various components of the AbS system. The decoder is given the

relevant parameters, and is simply required to implement the speech synthesis system

using those parameters.

The full-rate GSM speech encoding process, as specified in [18], is described in some

detail in appendix A. The encoding algorithm consists of a variety of different stages

described in the appendix, and a summary of the approximate computational load of each

Figure 1.9  Analysis-by-synthesis model of speech
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stageof the full-rate GSM speechcoderis shownin Table1.3. It canbe seenthat the

numberof multiply andmultiply accumulateoperationsfar exceedsthenumberof simple

additionsor comparisonsrequired.Theprocessingload is dominatedby thecalculation

of the parametersfor the long-termprediction filter (LTP analysis),due to the large

number of autocorrelations that need to be calculated to find the optimal lag value.

Half-rate and enhanced full-rate coding

Half-ratespeechtranscodingattemptsto providethesameperceptualquality asthefull-

rate transcodingbut with half the numberof bits, as the namesuggests.The encoding

techniqueis vector-sumexcitedlinear predictivecoding(VSELP).This techniqueuses

thesameanalysis-by-synthesismodelof speechasusedin thefull-ratespeechcodec,but

the excitationis generatedby selectingan optimal sumof codevectorsfrom a stored

codebook,ratherthanusinga simplesetof regularpulses.VSELP is computationally

more expensivethan full-rate coding, and greatereffort is made to optimize other

parametersof theAbS modelandto quantizethedataefficiently, to compensatefor the

reduced amount of information that can be transmitted.

Enhancedfull-ratespeechtranscodingaimsto givesignificantlyhigherquality speechat

thesamebit-rateasfull-rate transcoding.Algebraiccode-excitedlinearpredictivecoding

(CELP) is used,which is similar to VSELP exceptthe codevectorsaregeneratedby a

combinationof afixedcodebookandanadaptive(alegebraic)codebook.A morecomplex

Processing stage Multiplies / MACs Additions / compares

Pre-processing 480 480

Autocorrelation 1249 -

Schür recursion 144 -

LAR quantization 8 32

Short-term analysis filtering 2560 48

LTP analysis 13144 172

RPE encoding 2033 244

Totals 19618 976

Table 1.3: Computation load of GSM full-rate speech coding sections
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LPC model is used than for half-rate or standard full-rate transcoding, with 10 parameters

updated twice per frame. Also, windowing is used to give smooth transitions from frame

to frame. The overall computational complexity is claimed in [4] to be similar to that for

half-rate speech transcoding.

The DSP operations underlying both these more advanced transcoding schemes and many

other proposed codecs are fundamentally very similar to those required for the full-rate

transcoder, as they are based on the analysis-by-synthesis model. Fundamental to all of

them are the estimation of LPC parameters, the estimation of lag and gain for LTP

parameters, and the development of an optimal excitation sequence by minimising the

error between the synthesised result and the original speech. As for the full-rate

transcoder, it can be expected that the calculation of autocorrelation values required at

many stages throughout the encoding process will be the dominant processing load.

1.3.4 Summary of processing for GSM baseband functions

A summary of the processing requirements of the GSM baseband functions have been

presented by Kim et al. [29], and are repeated in Table 1.4. The total processing load was

estimated at 53 MIPS, and was dominated by the channel equalisation functions which

required 42 MIPS. The conclusion reached by the authors of this paper was to include

Function Load

Equalisation Square distance calculation
(20 MIPS)

42 MIPS
Add-Compare-Select (ACS)
operation (10 MIPS)

Complex MAC for channel
estimation and reference
generation (9 MIPS)
others (3 MIPS)

Channel decoding ACS operation (3 MIPS) 4 MIPS
others (1 MIPS)

Voice coding 4 MIPS

Voice decoding 2 MIPS
Channel coding 0.1 MIPS
others 0.9 MIPS
Total 53 MIPS

Table 1.4:  Required processing power, in MIPS, of GSM baseband functions
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dedicatedhardwarefor this function, similar to that incorporatedin the GEM301

baseband processor.

1.3.5 Evolution towards 3rd generation systems

Currentdigital mobilephonearchitecturesareconsideredto bethesecondgenerationof

cellular systems(since FM analoguesystemswere the first generationto be used

commercially).The basic elementsof a third generation(3G) cellular systemare as

follows [30] [31]:

• Integrated high-quality audio, data and multimedia services

• High transmission speed incorporating circuit- and packet-switched services

• Support for variable and asymmetric data rates for receive and transmit

• Use of a common global frequency band

• Global roaming with a pocket-sized mobile terminal

• Useof advancedtechnologiesto givehighspectrumefficiency, qualityandflexibility

A standardfor third-generationservices is being developedby the International

TelecommunicationUnion, knownasIMT-2000 (InternationalMobile Telephony)[32]

[33]. Themainproposalsfor this standardall useformsof code-divisionmultiple access

(CDMA) as the radio transmissiontechnology.CDMA is a form of direct-sequence

spreadspectrummodulation,wherethetransmittedsignalis modulatedby a high speed

pseudo-randomcodesequence.This causesthe transmittedenergyto be spreadover a

wide spectrum.At the receiver,the signal is correlatedwith the samecodesequence

which regeneratestheoriginal signal.All userstransmitin thesamefrequencyband,but

usedifferentpseudo-randomcodes;thecorrelationprocesspicksonly thedesiredsignal

out with theothersignalsappearingaslow-level randominterference.Oneof themain

advantagesof thistypeof modulationis thattheeffectsof frequency-specificinterference

is reduced, as the desired signal is spread over a wide frequency band.

The correlationprocessin CDMA is a major processingdemand:the chip rate (code

sequencerate) is hundredsor thousandsof times the symbol rate.Also, a numberof

separatecorrelatorsarerequiredfor the Rakechannelequalisationsystemspecifiedin

IMT-2000.Thecorrelatorshavetheircodesequencesstaggeredby achipperiodeach,to
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attempt to gather as much of the energy lost by multipath (delay) effects. It is likely that

this would be dealt with by a separate co-processor in a 3G implementation: given a

flexible design, this coprocessor could br also used with a variety of CDMA protocols

allowing, for example, an integrated cellphone and GPS receiver [23] [34].

The other component of 3G systems likely to demand dedicated hardware is the task of

channel coding. While current DSP systems have sufficient processing power to perform

the Viterbi decoding algorithms required by GSM systems, 3G systems will have symbol

rates up to 100 times greater and dedicated hardware will be required to give the required

performance with reasonable power consumption such as the bit-serial architecture

proposed in [35]. To maintain low power beyond these bit rates requires even greater

optimizations, such as the serial-unary arithmetic used in [36] where the metrics are

represented by the number of elements stored in an asynchronous FIFO.

1.4 Digital signal processing in 3G systems

Even with many of the radio link aspects of 3G systems farmed out to coprocessors, the

new types of traffic and the demand for new applications are likely to significantly

increase the load on the programmable DSP [23]. Future generations of speech codec are

likely to require many more MIPS to provide improved voice quality at the same or lower

bit rates, and multimedia traffic such as streaming hi-fi audio and video will require large

amounts of processing power operating alongside the speech codec. Ancillary

applications such as voice recording, echo cancellation and noise suppression and speech

recognition are finding their way into current GSM handsets, and are likely to be standard

features in future generations of mobile terminal.

The high level of competition and demands for new applications emphasise the need for

readily programmable and flexible low-power DSP architectures, to minimise the

development cycle time and cost for new generations of products and to ease the period

of transition before the next generation of standards are fully decided.

To a great extent, DSP manufacturers have relied on improvements in process technology

to provide the required improvements in processing speed and power consumption: the

basic structures of DSP architectures have remained relatively unchanged. However,
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increasinglydeep sub-micronprocesstechnologiespose a new and different set of

problemsto thedesigner,andtheoptimumarchitectureis likely to besomewhatdifferent

to thosethathavegonebefore.This thesispresentsan investigationinto thedesignof a

DSParchitecturefrom theviewpointof reducingpowerconsumptionin next-generation

mobile phone handsets.

1.5 Structure of thesis

A widevarietyof techniquesfor low powerdesignaredescribedin chapter2of thisthesis,

rangingfrom devicetechnologiesto architecturalstyles.A numberof thesetechniques

have been brought to bear in the design of the CADRE processor.The CADRE

architectureandthetechniquesemployedaredescribedin chapter3. Thedesignprocess

throughwhich thearchitecturewasimplementedis describedin chapter4. In chapters5

to 8, the implementationof variouscomponentsof CADRE arediscussed.In chapter9,

the CADRE architectureis evaluatedand comparedwith a number of other DSP

architectures.Finally, in chapter10, a number of conclusionsare made about the

processor, and proposals for how the architecture can be improved are discussed.

1.6 Research contribution

Thework presentedin thisthesis,aspartof thePOWERPACKlow powerdesignproject,

bringsto beara wide variety of low powerdesigntechniquesto the problemof digital

signal processingfor mobile phonehandsets.The result is a DSP architecturewhich

differssignificantlyfrom thosecommerciallyavailable,andhasfeaturesthatareintended

to reducepowerconsumptiondramatically,particularlyin deepsub-microntechnologies.

The following papers have been published presenting details of the DSP architecture.

M. Lewis, L.E.M. Brackenbury,“CADRE: A Low-Power,Low-EMI DSPArchitecture

for Digital Mobile Phones”,VLSI Design specialissueon low-powerarchitectures(in

press).

M. Lewis,L.E.M. Brackenbury,“A low-powerasynchronousDSParchitecturefor digital

mobile phonechipsets”,Proc. Postgraduate Research in Electronics, Photonics and
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related fields (PREP 2000), April 2000, (Awarded Best Paperprize in the Signal

Processing and Communications track)

This work also investigatesthe potentialof asynchronousdesignfor reducingpower

consumption,and includesa numberof novel asynchronouscircuits that exploit the

characteristicsof asynchronousdesigns(in particular,the inherenttiming flexibility) to

reducepowerconsumptionandcomplexity.Thefollowing papersconcerningaspectsof

asynchronous design for low power have been published.

M. Lewis, L.E.M. Brackenbury,“An InstructionBuffer for a Low-PowerDSP”, Proc.

International Symposium on Advanced Research in Asynchronous Circuits and Systems,

April 2000, pp. 176-186, IEEE Computer Society Press

P.A. Riocreux, M.J.G. Lewis, L.E.M. Brackenbury,“Power reduction in self-timed

circuits using early-openlatch controllers”, IEE Electronics Letters, Vol. 36, January

2000, pp.115-116

M. Lewis,J.D.Garside,L.E.M. Brackenbury,“ReconfigurableLatchControllersfor Low

PowerAsynchronousCircuits”,Proc. International Symposium on Advanced Research in

Asynchronous Circuits and Systems, April 1999,pp.27-35,IEEEComputerSocietyPress
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Chapter 2: Design for low power

2.1 Sources of power consumption

In orderto designcircuitsthatconsumeaslittle poweraspossible,it is vital to understand

the sourcesof power dissipation. In a CMOS circuit, power dissipation can be

summarised by: [37]

(1)

(2)

Thefirst two componentsarethedynamicpowerdissipationcausedby switchingactivity

at the variousnodeswithin the circuits, while the third componentis causedby static

leakage.The following sectionexaminesthesesourcesof powerconsumptionin more

detail.

2.1.1 Dynamic power dissipation

A generalisedCMOS gate consistsof a pull-up network madeof PMOS transistors

connectedbetweenthe positive supply voltageand the output node,and a pull-down

networkmadeof NMOStransistorsconnectedbetweentheoutputnodeandthenegative

supply voltage.The simplestCMOS circuit is the inverter, as shown in Figure 2.1.

Variouscapacitancesexist,bothwithin thecircuit andalsowithin theloadconnectedto

Z. Forconvenienceof analysis,thesearelumpedtogetherinto asinglecapacitanceCL at

theoutput.As theoutputchargesto logic ‘one’ ( ), currentflows into theload

capacitanceCL, chargingit to . During this processan energyof is drawn

from the supply,with half of the energystoredin the capacitorandhalf of the energy

dissipatedin theresistanceof thePMOStransistor.Whentheoutputreturnsto zero,the

storedenergyis dissipatedin theresistanceof theNMOS transistor.Theaveragepower

drawnfrom thesupplyis thereforegivenby theenergy timesthefrequencyf of

power-consuming (zero to one) transitions at the output Z.

Pavg Pswitching Pshort Pleakage+ +=

f CLV dd
2

ISCV dd I leakageV dd+ +=

V in V dd=

V dd CLV dd
2

CLV dd
2
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This simpleview of powerconsumptionis basedon the assumptionthat inputschange

instantaneously,theswitchingtimesof thetransistorsarenegligibleandonly oneof the

transistorsis conductingatanytime.However,in practicethereis abrief momentduring

eachswitchingtransitionwhenboth transistorsareconducting,allowing a short-circuit

currentto flow directly from to ground.This conductingperiod is definedby the

input signal to the gates, and for a simple inverter is given by the condition

, where and are the NMOS and PMOS transistor

thresholdvoltages.This relationshipimplies that it is very important to minimise the

transitiontimesof input signals,soasto keepthetime spentin theconductingregionto

aminimum.Whenthis is done,shortcircuit currentsgenerallymakeup lessthan10%of

the total switching power dissipation [38].

2.1.2 Leakage power dissipation

Leakagepower is the componentof power not causedby switching activity, and

constitutesa fairly smallproportionof thetotal powerconsumptionof mostchipsat full

activity. However,in systemswherelargeamountsof timearespentin stand-bymode,it

canhavea significanteffecton batterylife. The leakagepowerdissipationcomesfrom

reverse-biaseddiode leakagecurrents,for examplebetweentransistordrains and the

Figure 2.1  A simple CMOS inverter

CL
V in

Vout

Vdd

V dd

V tn V in V dd V tp–< < V tn V tp
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surroundingbulk,andfrom sub-thresholdleakagecurrentsin transistorswhicharebiased

off. Sub-thresholdcurrentdecreasesexponentiallyasthegate-sourcevoltageis reduced

below the thresholdvoltage,which canleadto potentialproblemsin deviceswith low

threshold voltages as the leakage current can remain quite high.

2.2 Power reduction techniques

Thesimpleexpressionfor powerconsumptiongiven in (2) suggeststhreemainwaysof

reducing the switching power dissipation:

• Reducing the supply voltage .

• Reducing the switched capacitance.

• Reducing the rate of switching.

2.2.1 Reducing the supply voltage

Of thesetechniques,reducing the supply voltage has the greatesteffect due to the

quadratic relationship between supply voltage and switching power consumption.

However,this is doneat theexpenseof operatingspeed.A simpleapproximateestimate

of theeffectsonoperatingspeed,basedon thetime takento chargeanddischargeanode

in the circuit, is given by

(3)

where is theswitchingtime, is themaximumswitchingcurrent, is aprocess-

dependentparameter, is the ratio of channelwidth to channel length of the

transistorbeingswitchedand is thethresholdvoltageof theswitchingdevice.It can

be seenthat the delay is approximatelyinversely proportionalto for .

However, as  approaches , the delay increases rapidly.

The simple first-order model fails to take into accountthe effectsof carrier velocity

saturation.With transistorfeaturesizesnowsignificantlylessthan1µm, thehighelectric

field strengthscausechargecarriers(holesor electrons)in thedeviceto reacha limiting

velocity [39]. For this reason,thecurrentin thedeviceis no longerquadraticin but

V dd

CL

f

T D

CLV dd

Imax
----------------≈

CLV dd

k W L⁄( ) V dd V t–( )2
-------------------------------------------------=

T D Imax k

W L⁄

V t

V dd V dd V t»

V dd V t

V dd
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is insteadroughlyproportional,andsotheoperatingspeedbecomesroughlyindependent

of the supply voltage

(4)

where is theprocess-dependentgatecapacitanceperunit areaand thecarrier

saturationvelocity.Oneof themainargumentsfor themovefrom 5V to 3.3V operation

for sub-micronintegratedcircuitswasthat this effectallowedpowerconsumptionto be

reducedby 60%with little lossin operatingspeed[40], althoughreliability issueswere

clearlyalsoafactor.However,thespeedpenaltywhenthesupplyvoltageapproachesthe

threshold voltage remains according to this approximation, albeit reduced somewhat.

Equation4 suggeststhat it shouldbe possibleto maintaina given operatingspeedat

reducedsupplyvoltageby loweringthethresholdvoltagesof thetransistorsin thecircuit.

However, this causesan increasein static leakagecurrent and can reducethe noise

marginsof somelogic structures.To someextent,reducednoisemarginscanbetolerated

in low-power circuits as the magnitudeof currentsbeing switched is also reduced

proportionately[40]. Theincreasedleakagecurrentis a moreseriousproblemfor a low-

powerdesign,andacompromisemustthereforebemadebetweentheincreasein leakage

currentandthereductionin switchingpower.An analysisof powerconsumptionfor deep

sub-microncircuitswith typical characteristicssuchasactivity levelsandwiring lengths

suggeststhattheminimumpowerdissipationis reachedat thepoint wheretheswitching

andleakagepowersareapproximatelyequal[41]. However,this is clearlynotacceptable

in a deviceintendedfor usein a mobile phone,wherea largeproportionof the time is

spent in an idle state.

Onesolutionto thisproblemis to placeanadditionaltransistorin eitheror bothof theN-

andP-stacksof thelogic gates,andusetheseto preventtheleakagecurrents(althoughthe

extraseriesresistancereducesdrive capabilitiesof the logic transistorssomewhatif the

loadingontheinputsis keptthesame).In Multi-VoltageCMOS(MVCMOS) [42], these

additional transistorsare driven by a ‘sleep’ signal, which lies outsideof the normal

supply voltageranges.This meansthat P- transistorsare driven at a voltageslightly

greaterthan and N- transistorsare driven to a voltageslightly lower than ,

ensuringthatthedevicesareswitchedhardoff. An alternativeapproachis to usereduced

T D

CLV dd

W Cox V dd V t–( )vmax
----------------------------------------------------≈

Cox vmax

V dd V ss
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thresholdvoltagedevicesfor the processinglogic but to usehigher thresholdvoltage

devicesto block leakagecurrents[43]. In thiscaseit canalsobepossibleto integratethe

high thresholddevice into a non-critical portion of the logic function such as the

prechargetransistorin dynamic designs,therebyremoving both the areaand speed

penaltyof additionalseriestransistorsand avoiding the needfor a separatelyderived

‘sleep’ signal.Anothertechniquethatdoesnot dependon additionalseriestransistorsis

the Dual- Dual- (DVDV) approach[44], where a combinationof different

thresholdvoltagesandsupplyvoltagesareused.Deviceson thecritical pathuseahigher

supply voltage with a higher thresholdvoltage to give the most performance,while

deviceswith slightly lower requirementsuse a lower supply voltage with reduced

thresholdvoltage,anddeviceswith theleastperformanceusealowersupplyvoltagewith

the higher threshold voltage to minimise leakage power.

While thesetechniquesoffer greatopportunities,therearesomedrawbacks.Generation

of multiple supply voltagesincurs a significant cost in a system,althoughDC-DC

converterscan be made with very high power efficiencies up to 95% [45]. Also,

fabricationis complicatedby theneedto reproducedevicesaccuratelywith morethanone

threshold voltage, and in deep sub-micron devices threshold voltage is becoming

increasinglydifficult to control accurately[46]. The variability of thresholdvoltage

thereforeaffectsthechoiceof optimumthresholdvoltageandsupply,asthevariationcan

causethe powerconsumptionandperformanceto be degradedfrom that predictedby

theory.

Architecture-driven voltage scaling

While it is possibleto reducesupplyvoltagesandkeepthelossin processingspeedto a

minimum by reducingthresholdvoltages,this incurs the penaltyof increasedleakage

current as describedabove. Where power consumptionis the prime concern and

performancerequirementsare fixed it is possibleto trade someloss of speedfor a

reductionin total powerconsumption.This is certainlythecasefor DSPapplicationsin

cellularphones,wheretheworkloadimposedby theparticularprotocolis fixed (although

this will arguably become less true when the DSP is available for other applications).

V dd V th
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The quadratic relationship between supply voltage and power consumption makes other

trade-offs possible. When extra area is available (as is increasingly the case with ever-

shrinking design rules) it can be possible to trade additional area for reduced power

consumption using a technique known as architecture-driven voltage scaling [38] [40].

Given a processing load which can be met by a single processing element operated with

supply voltage , the same processing load can be met by processing elements at a

supply voltage of (if the task is such that it can be distributed in this way). Assuming

that the supply voltage is low enough to avoid velocity saturation in the switching devices,

and neglecting the effects of threshold voltages,  is given simply by

(5)

The energy consumed by each processing element is therefore reduced by a factor ,

but the number of processing elements has increased by factor and so the total energy

consumed per operation has reduced by a factor . As the number of operations per

second has also remained the same, the power consumption has also scaled down by this

factor.

This simple analysis takes no account of the overhead in circuitry required to distribute

the data to the processing elements and then recombine the results. When this is taken into

account, and delays due to non-zero threshold voltages are also taken into account, the

minimum power consumption occurs with 4 processing elements (for ) [40].

When leakage currents in deep sub-micron technologies are also taken into account, it is

suggested that the optimal number will reduce [41]. However, this analysis is based on

maximising the total performance, and may not be entirely applicable to low-power

embedded systems. Even so, the optimal number of datapaths only reduces to 3 by the

time 0.10µm technology is reached with the penalty for using 4 (or 2) being very small.

An alternative (possibly complementary) form of architecture-driven voltage scaling,

with less area overhead, is to insert pipeline registers at appropriate points in the circuit,

to reduce the critical path by a factor of . This allows a similar reduction in supply

voltage, and hence power consumption, with very little additional area or power overhead

and without a loss in total throughput. However, in this case the total latency of the circuit

will increase by a factor of slightly greater than .

V ref N

V N

V N

V N

V ref

N
----------=

N
2

N

N

V t 0.8V=

N

N

N



2.2 Power reduction techniques

Chapter 2:  Design for low power 45

Adaptive supply voltage scaling

Where processingdemand is variable, it is possible to vary the supply voltage

dynamicallyin orderto meettherequiredthroughput.This is knownasAdaptiveSupply

VoltageScalingor Just-In-TimeProcessing.Exampleshavebeendemonstratedof aDCC

errorcorrectioncircuit [47] wherean incorrectcodeword requiresthreetimesasmuch

processingasa correctcodeword. As 95%of codewordsarecorrect,this allows for a

powersavingof up to 80%by operatingat reducedvoltagesduringsequencesof correct

codewords.Anotherapplicationthat hasbeendemonstratedis a FIR filter bank for a

hearing aid [48], where the supply voltage is reducedwhen processinglow-level

backgroundnoise. In both of thesecases,asynchronouscircuits were used for the

processing.Thispowersavingstrategywouldberathermoredifficult to implementusing

synchronouscircuits, as it would be necessaryto reducethe clock speedto matchthe

increasein circuit delay,althoughthishasbeenimplementedsuccessfullyin anumberof

cases; most notable being the Transmeta ‘LongRun’ technology [49].

Reducing the voltage swing

Insteadof (or aswell as)reducingthepowersupplyvoltage,it is possibleto reducepower

by limiting thevoltageswingat nodeswithin thecircuit. If thevoltageswingis reduced

to , the total power consumption becomes

(6)

A varietyof techniquesexistfor usewith differentialdynamiclogic to reducethevoltage

swingexperiencedby thelargeNMOSpull-downtreesandothercircuit nodes[50] [51].

However, while differential dynamic logic offers very high performance,it is not

necessarilya goodsolutionfor generalusein low powersystemsaseverygateproduces

at leasttwo transitions(evaluateand precharge)therebyeliminating the possibility to

exploit correlations in the data to reduce switching activity.

For general-purposeCMOS logic, the use of reducedvoltage swing techniquesis

complicatedby the needto restorevoltagesto full rail in order to preventstaticshort-

circuit currentin subsequentlogicgates.Theoverheadof swingrestorationmeansthatthe

V s

Pswitching f CLV sV dd=
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techniques are only applicable for situations where the node capacitance is large

enough to give a useful overall power reduction, such as when driving long on-chip buses.

A variety of techniques exist which range in complexity, immunity to induced noise and

available power reductions [52]. These vary from the very simple, where transistor

threshold drops are used to reduce the voltage swing, to more complex designs requiring

multiple supply voltages, low threshold voltage transistors, or differential signalling over

two wires per bit. The possible energy reductions range from around 55% for the simplest

techniques, to a factor of four to six for the most complex.

Adiabatic switching

In a conventional CMOS circuit, an energy of is drawn from the power supply

each time the output load capacitance is charged. This energy can be reduced by ramping

up or down the supply voltage as the capacitance is charged or discharged, minimising the

potential across the resistance of the transistor, at the expense of switching speed: in the

limiting case, no energy is dissipated but the capacitor takes forever to charge! The speed

penalty can be offset to some extent as long as the voltage swing of the supply is greater

than the required voltage swing at the output node [53]. This minimizing of the dissipated

energy and recycling of charge is known as adiabatic switching [40], by analogy with

thermodynamic systems which do not exchange heat with their environment.

The voltage ramps required to charge and discharge the load capacitances are produced

by inductive pulsed power supplies: the waveforms generated are sinusoidal, which is a

slight deviation from the ideal ramp profile but is easier to generate. The inductors are

used to store energy from discharging nodes ready to be transferred into charging nodes.

Practical systems require multi-phase pulsed power supplies to minimise non-adiabatic

losses due to non-ideal charging waveforms, such as the reversible energy recovery logic

proposed in [54]. It is argued in [53] that this type of energy-recovery logic is best suited

to deeply pipelined systems, to recover the energy used to drive clock lines.

However, these techniques appear to have limited application: in [53], some benefit was

seen by using adiabatic driving of the clock signal, but a fully adiabatic design fared worse

CL

CLV dd
2
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thanconventionalCMOS.Also, adiabatictechniquesseemto only besuitedto very low

speedcircuits: the comparisonof carry look-aheadaddersusing adiabaticlogic and

standardCMOS in [54] found that the adiabatictechniquesonly gavean advantageat

operatingspeedsof below3MHz, andthe clockedpowersupplygeneratorconsumeda

large amount of power which was not considered in the comparison.

An approximationto adiabaticoperation,without theneedfor thecomplexpulsedsupply

generators,canbe obtainedusingmultiple supplyvoltagesswitchedacrossthe load to

approximatearampedsupply.However,it is hardto build sufficientcapacitanceinto the

supplyrailsto storethereturnedenergywithoutaddingcostlyexternalcapacitors,andthe

additionaltransistors,the requireddrive circuitry andthe multiple supplyvoltagesadd

significant complexity. Both the pulsed-supplyand multiple supply systemsincur

significant overheadsand suffer from reducedmaximum speeds.This makes the

techniquesonly suited to areaswherevery high loadsare being driven, suchas pad

drivers.

While adiabatictechniquesare difficult to apply in practice,it is possibleto obtain a

limited amountof benefitfrom therecyclingof chargerelativelyeasily.Oneof thelargest

capacitativeloadswithin anintegratedcircuit areinternalbuses.Theactivity on thebus

canbeexploitedto reduceoverallpowerconsumptionby shortingbus-lineswhichareto

bedischargedto bus-lineswhichareto becharged,therebyrecyclingtheenergystoredin

theloadcapacitancesomewhat[55]. Theamountof chargethatcanberecovereddepends

on theswitchingprofile of thedataon thebus,butstudieswith realdatahaveshownthat

average energy savings of 28% are possible [56].

2.2.2 Reducing switched capacitance

The second‘physical’ parameterthat the designercanalter to reduceswitchingpower

dissipationis thecapacitanceof circuit nodes.It shouldbenotedthatreducingswitched

capacitanceandreducingsupplyvoltagesarecomplementarytechniques:reducingnode

capacitancesincreasesswitching speed,which can compensatesomewhatfor reduced

supplyvoltages.The lumpednodecapacitance is actuallymadeup of a numberof

different physical capacitances described in [40], as shown in Figure 2.2.

CL
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The lumped gate capacitance of a transistor ( and in the figure) is composed of

the gate-bulk capacitance and the gate-source and gate-drain capacitances and

. The value of each of these depends non-linearly on the operating mode of the

transistor, but the total remains close to (where is the capacitance per unit

gate area, is the gate width and is the effective gate length), and so this value is

used when estimating load capacitance.

In a real transistor, the source and drain regions overlap the gate to a certain extent. These

areas of overlap reduce the effective length of the gate, and cause gate-drain and gate-

source capacitances. These capacitances contribute to and , and cause the gate-

drain capacitances and in Figure 2.2. The effective gate to drain capacitances

are increased due to the Miller effect: because the gate voltage is moving in the opposite

direction to the drain voltage, the capacitors can be treated as having twice their value

when referred to earth.

The sources of the transistors are connected to the supply rails, which are treated as AC

grounds. However, a capacitance exists between the drain diffusion and the bulk,

represented by and , formed across the reverse-biased PN junction between the

drain and the lightly-doped bulk. The capacitance is therefore voltage dependent

Figure 2.2  Components of node capacitance CL
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(dependent on the junction depletion width). The capacitance is made up of two parts: the

parallel plate capacitance between the bottom of the drain region and the bulk, and the

sidewall capacitance (which is larger per unit area, due to the highly doped stopper

implant around the edges).

The final component of capacitance, , is the capacitance of the interconnections

between the stages. This capacitance consists of capacitance between the wire and the

substrate across the (thick) field oxide, capacitance between neighbouring wires on the

same routing level, and capacitance between adjacent wires. The capacitance to the

substrate is made up of a parallel plate component, which is proportional to the width and

length of the wire, and a fringing component which is proportional only to the length. The

capacitance to the substrate also depends on the routing level: wires at lower levels have

a higher capacitance, as they are closer to the substrate.

The analysis of capacitance in the case of chained inverters over-simplifies matters

somewhat. In more complex logic gates, further internal nodes exist within the pulldown

and pullup networks. Only some of these nodes may be charged or discharged during

evaluation of the logic function. This charging or discharging and the resultant power

dissipation is dependent on the particular function of the gate and the combination of

inputs.

Feature size scaling

Scaling of feature sizes reduces all dimensions of transistors by (approximately) the same

factor [39]. The gate capacitance is approximated by : and are both

reduced by factor , but the gate areal capacitance is inversely proportional to the

gate oxide thickness , which is also scaled by the same factor. This causes an overall

reduction in gate capacitance by approximately a factor of . The drain- and source-to-

bulk capacitances and are independent of gate oxide thickness and should scale

as , although the sidewall component does not necessarily scale to the same extent.

Feature scaling is clearly very beneficial for reducing gate capacitance. However, the

picture is less rosy when wiring capacitance is considered. In order to keep RC delays
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alonginterconnectionsata reasonablelevel,wirescannotscalein sizeto thesameextent

(evenwith low resistivity metalssuchascoppercoming into use).To compensatefor

ever-greaterpacking density of gates,the distancebetweenwires and their width is

decreasing:to maintainlow resistance,thewiresmustthereforebemadetaller asshown

in Figure2.3.Thisleadsto increasedcapacitancebetweenadjacentwires,leadingto more

crosstalk,while capacitancefrom thewire to thebulk semiconductorbecomesdominated

by fringing effects,andcannotbereducedby makingthewiresnarrower.Whencoupled

with the reductionsin gatecapacitance,the increasedgatedensityand the increased

interconnectdensity,it is clearthat the interconnectcapacitancewill bean increasingly

dominantcomponentin thetotalnodecapacitance.Thiswill alsocauseit to bea limiting

factor in the total operatingspeed,particularlywhentransmissionline (RC) effectsare

taken into consideration.

Transistor sizing

In orderto achievethehighestpossiblespeed,onemustsizethe transistorsin the logic

gatesappropriately.Thesimplecaseof driving a largeloadthrougha chainof inverters

is well known, and a similar approachcan be used on general logic structuresby

consideringthedrivecapabilityof eachgate,theamountof off-pathloadingandtheload

of eachgatein thepath.This techniquehasbeengeneralisedinto the ‘theory of logical

effort’ [57] for calculatingtheoptimal topologyandnumberof stagesfor a given logic

function.However,wherespeedis not critical thencircuits built with thesetechniques

consumemorepowerthanis necessary;for example,in thecaseof aninverterchainthen

Figure 2.3 Wire capacitances in deep sub-micron technologies
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as much power can be dissipated in the inverters as goes into the load capacitance [58].

For circuits off the critical path, therefore, gates with smaller devices and greater ratios of

input to output loads will consume less power than those designed for optimal

performance. However, care must be taken that edge speeds do not become too slow in

order to prevent excessive short-circuit switching current.

Layout optimization

Clearly, as wire capacitances come to dominate in deep sub-micron designs, the choice of

circuit layout and routing will come to dominate both the power consumption and the

performance of the design. While global communication pathways such as buses can be

clearly identified and various approaches used to reduce their power dissipation such as

reduced voltage swing signalling, the wiring required to implement local interconnections

are still of great importance particularly as local interconnections are on the lower routing

layers, and therefore have higher capacitances both to ground and to one another.

At the circuit level, structures with interconnections only to nearest-neighbours such as

systolic arrays minimise the length and therefore the capacitance of the interconnections.

A study of a number of different multiplier topologies [59] found that the average net

length varied by a factor of almost six. For all circuits, the placement and routing of a

circuit must be optimised, either manually or using a tool with suitable intelligence. One

approach is to use hierarchical place and route to exploit structure in the design and to ease

the task of the place and route tool. It was shown in [59] that hierarchical place and route

could reduce the average net length by a factor of 3.6. However, the power consumption

did not track the average net length as strongly. This is due to the switching characteristics

of the various signals: those signals which change frequently are the most important to

optimise.

SOI CMOS technology

A technology that shows much promise for low-power and high speed designs is silicon-

on-insulator (SOI) CMOS technology. A SOI transistor is shown in cross-section in

Figure 2.4. Instead of having the transistors formed by diffusion into the bulk silicon, the
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transistors are made in a thin layer of silicon separated from the substrate by a buried

oxide insulating layer. This massively reduces the source / drain diffusion capacitances

and the gate to bulk capacitance. Also, as the body of transistor is floating, SOI transistors

suffer much less from the body effect, which causes transistor threshold voltage to change

in transistor stacks and reduces their current drive capability. SOI transistors are also

extremely well suited to use with low supply voltages as they have near-ideal sub-

threshold leakage currents.

While SOI has many benefits, there are a number of issues which the designer must be

aware of, mostly caused by the floating body voltage [60] [61] [62]. SOI CMOS is also

rather difficult to manufacture, due to the problems of generating a sufficiently high

quality interface between the bulk silicon, the buried oxide layer and the active silicon.

Despite these problems, a number of commercial high-performance microprocessor

designs have been retargeted onto SOI successfully such that they passed commercial

yield and reliability standards, with reportedly very little modification required to the

circuits [63] [64].

2.2.3 Reducing switching activity

The third component of equation 2 that can be altered to reduce the overall power

consumption is the rate of switching at each node in the circuit. The switching activity that

takes place within a circuit can be divided into two components: activity which is required

to calculate the desired result, and unnecessary activity that occurs as a by-product of

other activity within the circuit. Clearly, to produce a given result there must be a certain

minimum amount of activity within the circuit. However, this minimum is very hard to

define, and in practice the amount of activity is dependent on a wide range of design

Figure 2.4  SOI CMOS transistor structure

Oxide layer

Bulk silicon

N+N+ P

Poly



2.2 Power reduction techniques

Chapter 2:  Design for low power 53

decisionssuch as choice of circuit structures,systemarchitectureand the required

operating speed.

Reducing unwanted activity

Unwantedactivity in a circuit canbebrokendowninto two maincomponents.Thefirst

componentis causedwhentheinputsof aprocessingelementsuchasanALU gothrough

a numberof configurationsbeforethecorrectdatais presented.A typical casewould be

whenoneinputarrivesalittle earlierthantheotherinput: theALU will wronglycalculate

theresultof theoperationwith onecorrectandoneincorrectinput,beforeproceedingto

changeto thecorrectresultwhenbothdatavaluesarepresent.Theseincorrectresultscan

propagatefrom theoutputof theALU to subsequentstages.Dependingonthecomplexity

of theprocessinglogic within theALU andthenatureof thecircuitsdownstreamthiscan

cause a large amount of energy to be wasted.

Thesecondcomponentof theunwantedswitchingactivity comesfrom intermediatestates

generatedattheoutputsof logicgateswhentheinputschange.A typicalexampleisatwo-

inputNAND gatewhoseinputschangealmostsimultaneouslyfrom 1,0to 0,1.According

to thetruth tableof thecircuit theoutputshouldremainat logic 1. However,depending

on theexactrelativetiming of theinput signals,a brief unwantedpulsemayoccurat the

output.Theseglitches canvary in magnitudefrom acompletetransitionto asmallpartial

swingbeforereturningto thesteadystate.Theycanalsopropagatethroughthecircuit and

causemoreunwantedactivity in downstreamstages.Theimpactof theseglitchesarehard

to assessaccurately,without electrical-levelsimulation,astheyarecritically dependent

on the timing of the signalspassingthroughthe circuit. While it is possibleto makea

reasonablyaccurateassessmentof glitch generationgivenanaccuratetiming modelof a

logic gate, it is a difficult problem to assessthe effects of glitch propagation.The

propagationof glitches is critically dependenton the electrical propertiesof gates

downstream;soanyerrorin simulationwill tendto bemagnified[65]. Statisticalanalysis

of switchingactivity with glitchingtakeninto considerationshowspromise,with reported

errorsbeingaround6%[66]. However,thisanalysisrelieson timebeingsubdividedinto

discrete‘timeslots’, basedon the smallestgatedelay in the cell library. The choiceof
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timeslot appears to be dependent on the circuit under analysis, and this may prove to be

the limiting feature of this approach.

A number of techniques exist to prevent the generation and propagation of unwanted

transitions. Balancing the path lengths from different inputs to the output can reduce the

number of intermediate states generated within a processing block [38]. Where the output

of a processing stage is known to be unused, it is possible to gate the bus drivers at the

output of that stage to prevent unnecessary switching activity propagating through the

circuit [67].

Dynamic logic inherently prevents the propagation of unwanted switching activity, as it

cannot pass signals when in the precharge phase, and does not generate glitching activity

as each output can undergo at most one transition in the evaluate phase. However, the

need to precharge each node increases the overall switching activity and eliminates the

possibility of exploiting correlations between data, making dynamic logic unsuitable for

low power designs in general; although the high speed, reduced node capacitance and

elimination of short-circuit currents may make dynamic logic favourable in particular

situations.

When the arrival of operands is skewed in time, opaque latches can be used to delay

evaluation until both operands are valid, which also stops any glitches associated with the

evaluation of the new operands. However, this adds additional delay and a small amount

of additional area. When the circuit in question is off the critical path, there is a strong

argument for using opaque latches. Otherwise, the increased delay may be unacceptable.

One application where the use of opaque latches can have a significant effect on power

consumption is in asynchronous micropipelines [88], and a variety of ways in which

latches can be operated to reduce power consumption are presented in section 2.3.2 on

page 73.

Choice of number representation and signal encoding

One characteristic which distinguishes the data seen in signal processing applications

from that of general purpose processing is that the signals under question undergo gradual
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changes,leadingto correlationsbetweensuccessivedatavalues[40]. This canhavea

largeeffecton theswitchingactivity within a circuit. Dependingon theamplitudeof the

signal,a certainnumberof the low-orderbits will tendto becompletelyrandomwith a

transition probability of 0.5 at eachbit position for eachinput, while the upper bit

positions will have decreased switching probabilities, as depicted in [40].

Theamountto which thesecorrelationscanbeexploiteddependson thenumbersystem

chosento representthedata.This decisionimpactsuponthepowerconsumptionof the

systemin anumberof differentways.Firstly, thechoiceof numberrepresentationaffects

the complexity of the arithmetic elementsrequired to maintain a certain level of

throughput.Secondly,the type of numberrepresentationusedhasan influenceon the

switchingactivity bothon busesandwithin processingblocks.Finally, thecompactness

of the encodingbearsuponthe amountof memoryrequiredfor storageandhencethe

amountof powerconsumedin transferringdatato andfrom memory.Only fixed-point

numberrepresentationswill beconsideredhere,althoughmanyof thepointsconsidered

couldalsobeappliedto thedesignof floating-pointsystems.However,thesesystemsare

generallymore complexand hencewill not be chosenfor a low-power systemwhen

possible.

The numbersystemmostcommonlyemployedfor generalpurposefixed-point digital

signalprocessingis the 2s complement numberingscheme.This representationhasthe

form:

(7)

Its primarydrawbackis the largenumberof redundantonesrequiredto representsmall

negativenumbers.This meansthat, for a digitisedsignalwith small fluctuationsabout

zero, there will be a high switching activity in the sign extensionbits. One way of

reducingthiseffectwasproposedby NielsenandSparsø[48] for usein aFIR filter bank

for ahearingaid.Powerwasreducedby dividing thedatapathinto two eight-bitsegments

andenablingonly theleast-significanteightbits duringperiodsof low input magnitude.

Thisalsoreducedpowerconsumptionby allowingthemultiplier andaddercircuitry to be

partially deactivated.
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An alternativerepresentation,thatavoidstheswitchingof thesignextensionbits, is the

sign-magnitude numberingscheme,whereonly a singlebit is usedto representthesign.

This representation has the form:

(8)

The drawbackof this numberingsystemis that, in orderto addnumberswith different

signs,it is necessaryto eitherconvertbothnumbersto 2scomplementformatandusea

conventionaladder,or usea dedicatedsubtractercircuit. If the formeroption is chosen,

the extra transitionsgeneratedwill reducethe benefit of switching to sign-magnitude

representation.Thelatteroptionhasa penaltyin area.ChandrakasanandBrodersen[38]

concludedthat sign-magnituderepresentationis best used in designswhere a large

capacitiveloadis beingdrivensuchasexternalmemorybuses,etc.In thiscasethepower

overheadof convertingto and from 2s complementrepresentationwithin minimum-

geometryarithmeticcircuitsis negligiblecomparedto thepowersavingfrom thereduced

switching activity on the bus.

Oneof themainproblemsin digital arithmeticis thepossibledependencyof thehighest

order bits in the result on the lowest order bits, due to carry propagation.A classof

numbersystemsthatcaneliminatelongcarrychains,andwhichalsodonot requiresign-

extensionbits,areredundantsigneddigit representationsasproposedby Avizienis [68].

Redundant number systems are defined by the following equation:

(9)

Therestrictionson thevaluesfor arebasedon therequirementthattherebeauniquely

definedzerovalue.Forradicesgreaterthantwo, it ispossibletoaddtwonumberstogether

so that the outputfrom a given pair of digits is dependentonly on their valuesandthe

valueof a transferdigit from thenextlowerorderdigit. Otherredundantnumbersystems

suchascarry-saveor borrow-savecanbeshownto bespecialcasesof thistypeof number

system[69]. Anotherattractiveaspectof thesesigned-digitrepresentationsis that,dueto

the different possible representationsof any value, it is possible to choose the

representationwith the minimum Hamming weight (i.e. the representationwith the

greatestnumberof zerodigits) [70]. In orderto reducethe amountof redundancy,it is
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common to use a modified signed-digit representation which is of radix two and where

each digit is taken from the set of values (-1,0,1). This allows more compact encoding, at

the expense of an increase in the possible carry propagation under addition to two places.

Another method for avoiding carry propagation problems is to use a residue number

system [71]. In these number systems, a number is represented by its remainder modulo

for a number of different relatively prime bases. Addition is performed by simply taking

the sum of each pair of remainders; with multiplication being a trivial extension to this.

However, there is no way of directly determining the sign of a number in residue form,

which means that comparison, and hence division, is difficult [72]. Also, it is difficult to

convert to and from residue number systems [73]. This limits the usefulness of residue

numbers for all but special cases, although they have been shown to be very effective

when comparisons are not necessary and when residue number systems can be used

throughout [74].

A number of techniques have been designed specifically for reducing the number of

transitions required to transmit values across buses. One technique is to exploit

correlations between successive number values, such as delta encoding where only the

changes to a number are transmitted. However, this requires that an addition is performed

for every data item received, which can remove any power benefit from the reduced bus

activity. A simpler method of encoding is to use a transition signalling scheme, where a

transition on a wire indicates a one and no transition indicates a zero. Encoding and

decoding is done by a simple XOR between the data value and the last data value

transmitted or received. Power can also be reduced by using lossless compression to

reduce the amount of redundant data being transmitted, although this must be balanced

against the power required to perform the compression and decompression in the first

place. For data which is more random in nature, the bus-invert coding method [75]

analyses successive data words and, if two words differ in more than half of their bits, the

second item is inverted prior to transmission. To allow recovery of the data, a separate line

signals when the inversion state has changed.

Another way of reducing bus activity is to use N-hot or N-of-M encoding schemes, where

a value is represented by a high value on N lines out of M. This can be very efficient for

small values of M, but to represent large numbers requires M to become prohibitively



2.2 Power reduction techniques

Chapter 2:  Design for low power 58

large,andit is impossibleto performarithmeticdirectlywith all but thesimplestandleast

compact coding schemes.

Theseencodingsareof mostusewhenavery largeeffectivecapacitanceis beingdriven,

suchasin off-chip communicationbuses.In thesecasesthepowerpenaltyto encodeand

decodethedatais outweighedby thelargesavingsin powerdissipatedwithin thebus,and

in generaltheycanbecombinedwith otherpower-savingtechniquessuchastheuseof

reduced-swingdriversandreceivers.While buscodingtechniquescanhaveasignificant

impacton theoverallpowerconsumption,theydo not specificallyimpacton thepower

consumptionwithin arithmeticelementsastheseencodingsarenot directly suitablefor

performing arithmetic operations.

Evaluation of number representations for DSP arithmetic

In orderto investigatetheeffectsof differentnumberrepresentations,a simulated64 tap

FIR low passfilter operationwasperformedon a 5.4 secondexcerptof sampledspeech

(“Oh no, not cheese...can’t standthestuff. Not evenWensleydale?”).Themodelsused

for simulationwerebasedonthedataALU of theMotorolaDSP56000series.Thishas24

bit operandsand56 bit accumulatorsin 2scomplementrepresentation.Thespeechdata

and the FIR filter coefficients both had a precision of 16 bits in 2s complement

representation.

As an initial study, the simple model shown in Figure 2.5 was used,in which only

transitions at the multiplier inputs and outputs and the accumulatoroutputs were

measured.Thenumbersystemsusedwere2scomplement,sign-magnitudeandmodified

signed-digitrepresentation.Theaddingschemeusedin themodifiedsigned-digitmodel

wasbasedonthatusedby Takagietal. [76]. Theresultsobtainedareshownin Table2.1.

The modelswerewritten in C++, whereoverloadingof the assignmentandarithmetic

operators was used to produce data types which kept track of transition counts.

It can be seenthat, at the multiplier inputs, 2s complementrepresentationhas more

activity thaneithersign-magnitudeor signed-digitforms.Theextratransitionsaredueto

fluctuations of the sign-extensionbits, which are eliminated in the other two
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representations.However,signed-digitrepresentationshowsgreaterswitching activity

than sign-magnitude,and at the outputsof the multiplier and adder,the numberof

transitionsis evengreater.This is dueto theextrabits requiredto representeachnumber.

It canalsobe seenthat the smoothingeffect of the accumulatorreducesthe numberof

transitions for 2s complement representation.

Theconclusionfromthisstudyis thatredundantsigned-digitrepresentationisnotsuitable

asthenumberrepresentationthroughoutasystemasthereductionin switchingactivity is

questionableand the storagerequiredis greater,althoughit still hasa role in circuit

componentswherecarrypropagationis to beavoidedor whereredundantrepresentations

canreducecircuit complexity,suchas internal representationswithin multipliers [76],

[77]. The results suggest that sign-magnitudehas an overall advantageover 2s

complementnumber representation,which merits further investigation taking into

accountmoreof thedetailsof implementingthemultiplier andadderin sign-magnitude

and 2s complement arithmetics.

Figure 2.5  Multiply-Accumulate Unit Model.

Position 2s
Complement

Sign-
Magnitude  Signed digit

Data input 7.5 5.8 6.4

Coefficient input 8.3 5.7 6.5

Multiplier output 20.7 10.9 15.5

Accumulator output 14.8 11.5 17.0

Table 2.1: Average Transitions per Operation

*

Coefficient Data
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To this end, detailed models of MAC units using 2s complement and sign-magnitude

number systems were developed, as shown in Figure 2.6 and Figure 2.7. The 2s

complement MAC model was based on the arithmetic circuits from the AMULET 3

multiplier and adder [125]. The multiplier uses modified Booth encoding and a 4:2 carry-

save compression tree for the partial products. The partial sum and carry are combined by

a full adder with a fast carry resolution network at the final stage. The sign-magnitude

MAC model used Booth coding of the multiplier, but used a modified signed-digit

representation (+1 / 0 / -1 at each bit position) for the partial products to avoid sign

extension and carry propagation, with 2:1 compression at each stage [77]. Again, the

AMULET 3 adder circuit was used to combine the positive and negative portions of the

result. The simulation models were again written in C++, but were extended so that they

recorded not only transitions at the inputs and outputs of circuits, but also the internal

transitions within the circuits.

The total numbers of transitions within the various sections of each MAC model are

shown in Figure 2.8. It can be seen that, in almost all cases, the sign-magnitude number

representation exhibits significantly fewer transitions. The total increase in switching

activity for 2s complement number representation over the entire MAC unit is

approximately 10%, although the increase is much greater in some sections. The greatest

difference between the number systems is seen in the Booth multiplexers and the

compressor tree. The use of modified signed-digit representation for the partial products

Figure 2.6  2s Complement Model Structure
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in the sign-magnitude MAC model means that the multiplexer requires no internal nodes,

as negative values are produced simply by routing the number to the negative input of the

compressor tree. Despite the fact that the sign-magnitude compressor tree has more

stages, as it only has 2 inputs at each stage, the total number of transitions for the 2s

complement compression tree is much greater due to the fluctuating sign-extension bits.

Figure 2.7  Sign-Magnitude Model Structure

Figure 2.8 Total Transitions per Component
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The differences between the number representations for the adder and the accumulator are

much smaller. The main reason for this was the choice of adder circuit from the AMULET

3 processor that was used in both cases. This circuit uses dynamic logic, which causes

most of the nodes of the circuit to be precharged high before each evaluation (behaviour

which was modelled faithfully). This means that any node which evaluates to zero will

undergo two transitions on every cycle. For a signal processor dealing with signals of

wide amplitude range, there will often be zeros in the high bit positions and so a dynamic

circuit will cause many more transitions than an equivalent static circuit. Transitions

within the adder swamp the differences between the two number systems here, and when

the internal nodes of the adder are not considered, the 2s complement MAC unit exhibits

96% more transitions than the sign-magnitude MAC.

The results from the modelled multiply-accumulate units using 2s complement and sign-

magnitude number representations suggest that sign-magnitude number representation

causes significantly fewer transitions within the circuits than 2s complement

representation.

The bias to the results caused by the dynamic adder circuit indicates that dynamic logic

may not be a good choice for low power circuits, despite the fact that it can offer high

speeds and reduced area. The trade-off between the reduced node capacitance and the

increased switching activity in dynamic designs merits further study.

The models used take no account of the capacitance of the various nodes in the circuit,

and therefore the relative significance of a transition at each node on the energy

consumption. It has been suggested that a bus line could have a capacitance 2-3 orders of

magnitude greater than that of an internal node, and therefore a transition on the bus line

would correspond to 100-1000 transitions at an internal node [39], [75]. This adds further

weight to the advantage of sign-magnitude representation: while arithmetic using this

representation is significantly more complex to implement, the savings in bus transitions

could be expected to easily outweigh any additional transitions in the datapath as the

datapath would be designed using minimum-geometry devices. The area penalty of the

additional complexity is also becoming less significant, as design rules continue to ever

smaller scales.
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Overall, this study suggests a clear advantage in using sign-magnitude representation for

digital signal processing when compared to 2s complement number representation,

suggesting possible reductions in power consumption of greater than 50% where static

circuitry is used.

Algorithmic transformations

Given sufficiently flexible processing structures, it is often possible to reorganise the

manner in which a signal processing operation is performed to maximise the benefit

obtained from data correlations, minimise the switching activity within the processing

units and reduce the number of memory accesses required. For the case of the ubiquitous

sum-of-products calculations, it is possible to calculate a number of successive outputs

simultaneously, thereby keeping one of the inputs to the multiplier constant over a number

of different calculations [79] [80] [81]. This can dramatically reduce the switching

activity within the multiplier, and can also reduce the number of memory accesses

required. Switching activity can be reduced further by reordering the sequence of both

inputs so that the number of bits changing at each of the multiplier inputs is minimised,

such as by reordering the filter coefficients in a FIR filter [82] or by analysing the data

and coefficient characteristics for any general sum-of-products computation algorithm

[83].

Reducing memory traffic

When performing a given operation on a set of data, it is necessary to read the data from

a source and write it back to a destination. In DSP or microprocessor based systems, this

data will typically reside in one or more memories and the power dissipation associated

with accessing these memories can form a significant proportion of the total system power

consumption. Also, in programmable systems, the instructions defining the algorithm

must be fetched from memory.

The power dissipated by memory accesses can be broken into two main areas. The first

main area is the power dissipation within the memory units themselves, by the address
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decoding logic, the precharging of bit lines and sense amplifier currents. These

components generally increase in magnitude with increasing memory size.

The second main area is the power dissipated in transmitting the required signals across

the large capacitances of the buses between the memory and where the data is required.

When data resides within off-chip memories, this component can be orders of magnitude

greater than when the data is located on-chip; but even when the memories are on-chip,

interconnect capacitances are becoming increasingly significant in overall power

dissipation due to shrinking feature size in logic circuits.

It is clear that two factors adversely affecting the power consumption of memory accesses

are the size of the memory and the distance of the memory from where the data is required.

Therefore, the use of a single large memory servicing an entire system is the worst

possible case for power consumption. However, other aspects of system design may make

this the only practical solution, particularly when processing large data sets.

It is possible to reduce the impact of this power dissipation by exploiting locality of

reference: data tends to be reused (particularly in many DSP algorithms), and a limited set

of data tends to be processed in a given period of time. This allows power savings to be

made by making copies of the data from the main memory in smaller memories, located

closer to where the data is required. When the data is accessed a large number of times,

this can give considerable power savings and also gives faster data accesses; indeed, much

of the previous work on memory hierarchies has looked solely at the speed benefits.

Two alternative (although not necessarily mutually exclusive) styles of memory hierarchy

exist. In traditional microprocessors, caches are used: these are at least partially

transparent from the viewpoint of the programmer. Requests for data in memory are

automatically checked against the contents of the cache memory at each level in the

hierarchy. The data item is supplied from the cache if found; if not, the cache is

automatically filled with the required data and the neighbouring data from main memory.

In signal-processing and real-time systems, it is more common for the smaller memories

to be explicitly under the control of the programmer. This allows finer control of the

timing for critical sections of execution. From the power viewpoint, the data look-up



2.3 Asynchronous design

Chapter 2:  Design for low power 65

mechanism of cache memories represents an overhead, particularly in set-associative

caches where content-addressable memory is used.

The size and number of memories in the hierarchy has a strong effect on memory access

power consumption and speed [84]. For a given algorithm operating on a particular set of

data, it is clear that there must be a certain minimum number of memory accesses; and it

also seems intuitively reasonable that there must be a memory hierarchy organisation that

can minimize the power consumption in a given case. However, even when all of the

access patterns are known, the search space to minimize the overall power and area cost

of the memory hierarchy is very large although methods have been described that attempt

to formalise the problem and make it more tractable [85].

When redundancy exists in the data being read from memory, an effective way of

reducing both the amount of memory required to store the data and the number of memory

accesses required to read it is to use standard data compression algorithms [75]. The

power and time penalty of encoding and decoding the data must be balanced against the

possible savings due to reduced memory activity and reduced memory size; however, if

the compression happens between stages in the memory hierarchy so that data needs to be

compressed and decompressed infrequently, significant power reductions would appear

to be possible.

Similar techniques can be applied to the instruction stream. It is possible to exploit the fact

that only a limited number of instructions are typically executed, by storing the

instructions in advance in a small look-up table. Instead of fetching whole instructions

from memory, only the index into this look-up table needs to be fetched. Studies of this

technique for both RISC microprocessors [86] and DSPs [87] have demonstrated

considerable reductions in code size and memory activity.

2.3 Asynchronous design

In a conventional (synchronous) system, all activity is governed by the clock as shown in

Figure 2.9 (a). Data is captured by latches in the pipeline at a particular point in the clock

cycle, and the processing logic between latches then has the rest of the clock cycle (minus

the setup time on the latches) to produce the correct result.
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By contrast, an asynchronous system has no overall clock: transfer of data is managed by

local communication (handshakes) between adjacent processing elements. A class of

asynchronous circuit known as a micropipeline [88] is shown in Figure 2.9 (b).

2.3.1 Asynchronous circuit styles

One of the most difficult aspects of asynchronous design is to determine when processing

has finished in a stage. There are two main approaches to doing this, using either delay-

insensitive circuits or bundled-data with matched delays.

Delay insensitive design

The delay-insensitive method adds redundancy to the data so that validity information is

carried along with the data in the datapath: the request signal is implicit in the data.

Formal definitions of the requirements for delay-insensitive coding schemes have been

derived [91]. It can be demonstrated that one-hot and dual-rail encoding are valid DI

Figure 2.9  Synchronous and asynchronous pipelines
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schemes. One-hot coding is an to line coding system, where a valid value is

indicated by an active signal on one of the lines. Dual-rail encoding uses pairs of

signals to represent a single bit, where typically (0,0) indicates invalid data, (1,0) and (0,1)

indicate a 1 or 0 respectively, and (1,1) is not used and is undefined. A desirable feature

of a DI coding scheme is to be able to exploit concurrency in the processing, by splitting

the data into one or more sections which can be processed independently. This can be

done when individual bits are represented with dual-rail coding, but not when the entire

value is represented by one-hot coding. A compromise between the two approaches is to

use 1-of-4 encoding, where two data bits are represented by a value on one of four signals.

Dual-rail circuits may be implemented using dynamic structures such as the AND gate

shown in Figure 2.10, where the desired logic function is replicated in true and

complement form in the n-stacks of the gate. When the input is inactive (all inputs low)

neither n-stack conducts. When a valid set of inputs is presented, one or other n-stack will

conduct and discharge the appropriate output node. The outputs of the circuit are then

inverted ready to drive the next stage, so that the subsequent stage will only evaluate when

the preceding circuits have completed their evaluation (so-called domino logic).

Figure 2.10  Dual-rail domino AND gate

N 2
N

2
N



2.3 Asynchronous design

Chapter 2:  Design for low power 68

The fact that dual-rail logic is delay insensitivemeansthat it is possibleto generate

circuits automaticallyfrom specificationswritten in programminglanguagessuch as

Tangram[92] [93], CSP[94], CCS[95] or Balsa[96]. Thesecircuits canbe provento

operateaccordingto their specification.A drawbackis that they tendto be largerthan

necessary,and possibly slower than a conventionalcircuit implementing the same

function.A methodfor simplifying suchcircuits by repeatedprovablerefinementshas

beendemonstrated[97] which allowssomeof this complexityto bereduced.It hasbeen

shownthatcommercialbooleanlogic simplificationtoolssuchasSynopsyscanbeused

with one classof delay-insensitivelogic known as Null ConventionLogic (NCL), by

mapping NCL gates to semi-equivalent boolean ‘image’ gates [98].

Dual-rail circuits lend themselvesto beingusedin very fast iterativestructures,asthey

areinherentlyself-timedandcanoperatewith negligiblecontroloverheadwhendriving

otherdual-railcircuits.An iterativedivisioncircuit hasbeendeveloped[99] for whichthe

critical path consistspurely of dual-rail arithmetic elementswithout control circuit

overhead,andfor which thesignalstatisticshavebeenanalysedandthecommoncases

madefastby appropriatetransistorsizing.Dynamiccircuitsarecommonlyusedfor the

highestperformancesynchronoussystems,dueto thereducednodecapacitanceandthe

fact that dynamic logic stagescan incorporatelatching functions without additional

latency.Someof thehighestperformanceasynchronouspipelinesreportedto datehave

beendesignedusing thesetechniques,achievingthroughputsof 860 million itemsper

secondfor a dual-rail designwith completiondetection,andup to 1.2 billion itemsper

second for a single-rail design without completion detection [100].

Thedrawbackwith dual-raildesignis thattheduplicationof thelogic functionfor thetrue

andcomplementcasesrequiresthat thecircuitsconsumemorepowerandoccupymore

areathan a conventionalsingle-rail circuit. Dual-rail implementationsof circuits have

beenshown to requireapproximatelytwice the numberof transistorscomparedto a

conventionalsingle-railcircuit [101].Also, theneedtoprechargeeverynodefor eachdata

item when using a dynamic implementationincreasesswitching activity, with one

transition always occurring in dual-rail circuits. The alternative would be to use

conventionalstatic gates,but the inclusion of a P-stackexacerbatesthe areapenalty

inherent with dual-rail circuits and may also increase the switched capacitance.
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A number of ways of reducing the complexity and/or power consumption of dual rail

circuits have been proposed. A modified form of the dual-rail logic has been developed

where the n-stacks are isolated from the precharged output nodes before evaluation [102].

This avoids charging and discharging the capacitances of the whole n-stacks and gives

improved overall power consumption when compared to conventional dual-rail circuits.

However, charge sharing requires that a swing-restoring amplifier be included in each

stage to restore the output signals to the correct values.

A simpler way of reducing the complexity of dual-rail circuits is to use dual-rail logic only

on the critical path, and have single-rail static logic to implement the remaining logic

functions. Care is required when interfacing between static circuits and dual-rail dynamic

logic to prevent errors due to glitches from the static circuitry. It has been shown that this

can be done safely as long as the static signals are stable before the dual-rail signals arrive

[103] [104].

When typical data characteristics can be exploited, it is actually possible to make a dual-

rail circuit that has a lower transistor count than a synchronous circuit of equivalent

average throughput. A dual-rail self-timed 32 bit adder circuit has been developed [105],

which uses a simple ripple carry structure and completion detection on the carry path.

Assuming purely random data, the average maximum carry ripple length will only be 5 or

6 bits, which will give good average throughput. In practice, the average carry length of

real data is somewhat longer than this, which means the throughput will not be quite as

good as anticipated. Also, the completion detection circuit generally requires a logic tree

with a fan-in equal to the width of the datapath, which adds to both the delay of the stage

and the power consumption [106], [107]. This means that the power-delay product is not

quite as good as the best synchronous alternative, but the circuit still has the best average

throughput for its size. Some similar circuits that implement other methods of addition

have been developed [108] [109] which may offer better power-delay products.

Dual-rail self-timed logic has been shown to work very well in iterative structures where

the circuit can operate at its own speed with little control overhead, such as the division

circuits mentioned previously. However, there is somewhat less advantage to be gained

by using self-timed logic with variable completion times to implement a processing

pipeline [106] [107] [110]. No benefit will be obtained by completing processing early if
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the subsequent pipeline stage is not free to accept the data. This may mean that the average

performance obtained does not justify the power and area overheads of the dual-rail logic

and completion detection circuits.

Bundled-data design

Bundled-data asynchronous circuits are based around micropipelines [88], in which the

passing of data between adjacent processing elements is managed by handshakes as

shown in Figure 2.11. An asserted request signal indicates that the data is valid: the

receiving device captures the new data, and indicates this by asserting the acknowledge

signal. The sending device then disasserts request, and the receiving device subsequently

removes acknowledge. Variants of this protocol exist, which differ in when the data may

be removed. Two examples are pictured: broad protocol maintains valid data up to the

point where acknowledge is removed, while broadish protocol may remove the data at the

same time as request.

These four operations define a 4-phase micropipeline: 2-phase pipelines are also possible,

where request and acknowledge events are indicated by transitions on the appropriate

signals. However, 2-phase control circuits are significantly more complex than 4-phase

circuits.

Figure 2.11  Handshakes in asynchronous micropipelines
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Timing in bundled data circuits uses a delay in the control path that matches the

processing delay in the datapath (although micropipelines can also use delay-insensitive

techniques for particular stages, so that the datapath explicitly indicates when it has

completed an operation). Where a matched delay is used, the delay must be at least equal

to the worst case datapath delay. A typical way of doing this is to replicate the circuits in

the critical path, as an extra bit. This means that variations in process and operating

conditions should affect the matched delay in the same way as the datapath, avoiding the

need for the same safety margins used in clocked designs. Also, a clocked design must

cater for the global worst case, while only the local worst-case needs to be considered for

the asynchronous bundled-data method.

One way to avoid always using worst-case delays and to achieve some data-dependent

timing, without using a fully delay-insensitive design, is to have a number of different

matched delays for different input data cases [110] [111] [112]. The case-detection

circuitry operates concurrently with the datapath, and the appropriate delay is enabled

according to whether worst-case or average-case input data is being presented. An

example of this is a Brent and Kung adder [111] [112], where in 90% of cases the final

stage of carry resolution is unnecessary. The case-detection circuitry looks for long carry

propagate chains, and allows early completion if no such chains exist.

The main drawback with bundled-data designs are the extra designer effort required to

verify that the delays match the data for the worst-case data under all possible process

characteristics. However, where minimum power consumption is the main goal then the

bundled-data method with a static CMOS processing pipeline offers reduced switching

activity when compared to dual-rail dynamic implementations.

Asynchronous handshake circuits

While there is a certain amount of freedom in how to implement the datapath parts of

asynchronous circuits, it is necessary to impose more restrictions when implementing the

control portions. Handshake circuits are asynchronous state machines, and are defined by

their interfaces, i.e. the sequences of transitions which their input and output signals can

go through. This means that it is very important that the logic generating the signals must
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be hazardfree, as a glitch could be viewed as an incorrect signal transition by a

downstream stage.

A numberof formalisedmethodsexistfor generatingacircuit from agivenspecification,

which vary accordingto theassumptionsmadeaboutlogic gates[113]. Thestrictestset

of assumptionsfor designingcircuits is thedelay-insensitive model.This statesthat the

delaythroughanypartof a circuit, includinga wire, is unbounded.However,thesetof

control circuits that canbeproducedusingthis assumptionis limited. A morepractical

form of theassumptionsis thequasi delay-insensitive model,wheregatesandwiresare

assumedto haveanunboundeddelay,butforksin wiresareassumedto beisochronic, i.e.

the delay on eachpath of a fork is the same.This allows more useful circuits to be

generated[114]. A similar setof assumptionsis madein the speed-independent model,

but in this casethe delay in wires is assumedto be negligiblewhencomparedto gate

delays;effectively absorbingthe wire delay into the gate.Both the QDI and speed-

independentmodels can potentially experienceproblemswhen the isochronic fork

assumptiondoesnothold.However,if occurrencesof forksarecontrolled(e.g.keptlocal

to a single gateor a small numberof gates)then they neednot presentvery serious

problems.Otherassumptionsin usearethebounded-delay assumption,wheregatesare

assumedto havedelayswithin aspecificrange,thefundamental-mode assumption[115]

wherecircuit stateis assumedto changebetweensuccessiveinputchanges,andtheburst-

mode assumption,wherecircuit stateis assumedto havetimeto settlebetweensuccessive

bursts of input changes [116].

The work presentedin this thesis uses the speed-independentmodel, with the

specificationsrepresentedin signal transition graph (STG)form. An STGconsistsof an

orderednetworkof signaltransitionson thevariousinput,outputandinternalsignalsof

the circuit in question. An example is shown in Figure 2.12.

TheSTGof Figure2.12describestherelationbetweentheenvironment (which setsthe

inputsa, b) andthe circuit which generatesthe outputc. Transitionson the signalsare

denotedby the nameof signal followed by a ‘+’ or ‘-’ to indicatethe directionof the

transition.Eachtransitionhasoneor more input arcs,andoneor moreoutputarcs.A

transitionis only enabled if all of thetransitionson its inputshavefired; afterwhich the

transitioncanoccuratanytime.Thecirclescontainingdotsrepresenttheresetstateof the



2.3 Asynchronous design

Chapter 2:  Design for low power 73

circuit: in this case, transitions a+ and b+ are enabled. This means that the environment is

able to drive signals a and b high, although no ordering is specified: the transitions can

occur at any time. When both transitions have occurred, transition c+ is enabled. This

means that the circuit can drive its output high. After the transition c+ has fired, transitions

a- and b- are enabled: the environment responds to c+ by driving a and b low in some

unspecified order. Finally, once a and b are both low, the circuit can set c low, returning

the circuit to the reset state. This specification describes a Muller C-element, a basic

component in asynchronous designs.

The Petrify tool takes STG specifications, and synthesises hazard free speed-independent

circuits from them [117]. For a hazard free circuit to be possible, a condition known as

complete state coding (CSC) must be met by the specification (which can loosely be

described as the state of all output and internal signals being precisely defined by the state

of all other signals). If this condition is not met, Petrify attempts to add internal state

signals to satisfy the condition while maintaining the original interfaces. However, this is

an extremely computationally expensive task, and in practice the designer is best served

by designing specifications which already have CSC and using Petrify to identify failures

in this. The other condition that must be met for a speed-independent circuit is that once

enabled, an output must always be able to complete its transition without being disabled.

2.3.2 Latch controllers for low power asynchronous circuits

Latch controller circuits [89] [90] are elements of micropipelines responsible for

negotiating data transfers between stages, and passing the data at the appropriate time.

Figure 2.12  A simple signal transition graph (STG)
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The latch controllers considered here use the broad and broadish classes of four-phase

handshake protocol, as shown in Figure 2.11.

The latch controller opens and closes the data latches at the appropriate points in time,

depending on the protocol being used and the operating mode. These operating modes are

shown in Figure 2.13; the latch is open when enable is high. The extra transition required

to open the latches and capture the data in normally-closed operation slows down the

response of the handshake circuit. These circuits can then be built up into pipelines with

processing logic between the sending and receiving latches. Timing is managed through

either a completion signal from the processing logic or a matched delay in the handshake

path. A typical pipeline structure is shown in Figure 2.9(b).

In many applications, a high maximum throughput is required but this maximum

throughput is only needed for small periods of time, with periods of lower load between

them. New forms of the broad and broadish protocol latch controller circuits have been

developed within the group, based on the original normally-open latch controller designs

that were already in use. The new reconfigurable latch controller circuits allow the

operating mode of the pipeline latches to be selected by means of an external Turbo

signal. When maximum throughput is required, the Turbo signal is made high and the

latch controller circuit operates in normally-open mode. When the circuit is less heavily

Figure 2.13  Pipeline latch operating modes
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loaded, Turbo can be made low. The latch controller circuit then operates in normally-

closed mode and spurious transitions are blocked.

It is necessary to generate the Turbo signal at some point in the circuit: one way of doing

this would be to have a FIFO buffer at the input of the processing pipeline, and use the

state of this buffer to control the operating mode in a manner similar to that used for

adaptive voltage-scaling techniques [47]. Alternatively, Turbo may be placed under

software control when used in microprocessor-based designs. However, the extra

circuitry needed to generate and propagate the Turbo signal may add significantly to both

complexity and power consumption, particularly if the operating mode changes

frequently. An alternative solution, uses local timing information from the matched

delays to open the latches just as the data stabilises, as shown in Figure 2.14. This means

that the latches are ready to accept the new data just as it becomes available, allowing the

same speed to be achieved as normally-open operation with fewer spurious transitions

[124].

The new latch controller circuits were tested with a substantial design consisting of a

pipelined 32x32 bit multiplier datapath. This multiplier consists of four pipeline stages to

generate the partial products and calculate the partial sum and partial carry, followed by

a final adder stage to resolve the carries. The circuit is based around arithmetic elements

of the AMULET3i processor [125]. It contains approximately 31000 transistors and

occupies an area of 2.4x1.2mm in 0.35µm CMOS. Full-custom layout for the datapath

was used, in order to provide more accurate results. Interconnection delays are becoming

increasingly significant as design rules are scaled down. A full layout simulation displays

timing behaviour significantly different from a circuit simulation that does not take these

Figure 2.14  An early-open latch controller
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interconnectionlengths into account.The generationand propagationof glitches is

critically dependentontiming,sothatprecisesimulationsareessentialfor accuratepower

estimation.

All of the testswere performedon the broad and broadishprotocol designsof the

conventionalnormally-openlatchcontrollers,thereconfigurablelatchcontrollersin both

normally-open and normally-closed operating modes, and the early-open latch

controllers.Synopsys’Timemill was usedto analysethe throughputof the pipeline.

Random data was used for the input as the performance is not data-dependent.

Table2.2showsa reductionin maximumthroughputbetweennormallyopenandclosed

modesof 6.4% and 7.3% for the broad and broadishconfigurablelatch controllers

respectively.For the broad protocol designs,the variable mode designsalso show a

reductionin maximumspeedwhencomparedto theconventionallatchcontroller,butno

reduction was observed for the broadish protocol.

A decreasein throughputis to beexpectedwith thevariablemodelatchcontrollersdueto

extracomplexitywithin thelatchcontrollercircuits.Thevariablemodelatchcontrollers

haveanextrainput on thegatecontrollingthelatchenablesignal.This requiresapair of

extratransistorsin thegatetreeandalsoimpliesextracapacitance,bothof whichslowthe

critical paththroughthe latchenable.Thebroadishprotocolallowsfor the latchesto be

freedup beforetheAcknowledgecyclehascompletedat theoutput.This overlaphides

theperformancereductionin thebroadishprotocolwhenoperatingatmaximumcapacity.

Synopsys’Powermill was used to analysethe relative energy consumptionsof the

circuits.Testswereperformedwith eachtype of latch controller,for different levelsof

pipelineoccupancy,asthis stronglyaffectsthe powerconsumptiondueto the distance

thatspurioustransitionsmaypropagate.Also, theeffectof skewingtheinputsin timewas

Standar d
Reconfigurab le

Early Open
Normall y Open Normall y Closed

Broad 101 97 90 95

Broadish 106 106 98 106

Table 2.2: Millions of multiplications per second with different latch controllers
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investigated. Power consumption is strongly data dependent, and so tests were performed

with both random input data and simulated data from an 8-pole FIR low-pass filter

operation on an excerpt of sampled speech.

The graphs of energy consumed per operation against pipeline occupancy (with non-

skewed inputs) are presented in Figure 2.15. These show that, as expected from the simple

model of spurious transitions propagating along the pipeline, the difference between

operating with normally-open and normally-closed latch controllers becomes very small

when the pipeline is fully occupied. However, when operating with a single input value

at a time, the difference between the operating modes becomes much more significant. A

decrease in energy per operation of 21% was observed for normally-closed mode

compared with normally-open mode, while the early-open latch controller displayed a

decrease of 20-24% compared to standard designs. The difference becomes even greater

when the multiplier and multiplicand inputs are skewed in time, giving a 32% and 26-28%

decrease in energy respectively.

When operated with FIR filter input data and the configurable latch controller, the energy

per operation was approximately halved, and there was much less difference between the

operating modes (8%). This is due to correlations between successive multiplier values,

and that with this data set, one input is usually held at a constant value between successive

data points.

The results in Figure 2.15 show just how much energy can be dissipated by spurious

transitions when the pipeline allows them to propagate. In asynchronous micropipeline-

based circuits, this occurs when operating at less than maximum throughput. The

presented techniques prevent this from happening. For the reconfigurable latch

controllers, these techniques rely on a variable processing load and have the expense of

some control overhead in generating the Turbo signal. For the early-open latch

controllers, there is no significant circuit overhead and the overall speed of the latch

controllers are not reduced significantly, meaning that a variable demand is not required.

However, to be at its most effective the early-open technique relies on a certain amount

of design effort to match the early-open signal to the opening time of the latches.
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2.3.3 Advantages of asynchronous design

Elimination of clock distribution network

Asynchronous circuits have a number of key advantages over clocked circuits when

design for low power is being considered. The defining feature of a synchronous circuit

is the global clock which must be distributed throughout the circuit. This causes unwanted

switching activity at every node to which the clock is connected, whether or not that part

of the circuit is performing useful work. The wide distribution means that the clock

signals themselves have high capacitance and by definition undergo a power-consuming

transition every cycle, so a significant amount of power is consumed in simply generating

Figure 2.15  Energy per operation using different latch controller designs
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the clock signal. In high-speed synchronous circuits, the task of preventing clock skew

when distributing the high frequency clock across the circuit requires considerable

additional circuit overhead in terms of clock buffers and phase-locked loops. This is

wasteful of both area and power. An example of the scale of this problem in modern

processors is the DEC Alpha, in which around 30% of the total system power is spent

simply in clock distribution [118]. In asynchronous circuits, this clock distribution

network is replaced by local communication between stages, avoiding distribution

problems. A certain amount of power is dissipated by the handshake circuits. However,

designs of moderate-speed processors such as the AMULET2e demonstrate comparable

levels of power consumption when compared with their synchronous counterparts. Clock

distribution problems are increasing as processes shrink and clock speeds increase, so it

can be expected that as higher levels of performance are reached then the power benefit

of using asynchronous circuits will become noticeable.

Automatic idle-mode

Clock gating and similar techniques can be employed to reduce power consumption in

sections of the circuit where no useful work is being done, but this involves extra circuitry

and effort from the point of view of the system designer. Also, where phase-locked loops

are used, it is necessary to have a sufficient delay from restarting the clock to allow the

PLLs to stabilise. Asynchronous circuits inherently cease their switching activity when no

work needs to be done, and can go from idle to full activity instantaneously. This

behaviour occurs at a very fine grain both temporally and spatially, down to the level of

a single handshake circuit, enabling much greater reductions in power due to idle

components than can be achieved with any practical clock gating scheme. Idle power

consumption is extremely important in embedded mobile applications, as the systems are

effectively event-driven. The need to respond quickly to certain events limits the

application of clock gating techniques, since an instruction must be used to un-gate the

clock before subsequent instructions can use the resources in the gated circuit. By

contrast, an asynchronous design will have immediate access to idle components.
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Average case computation

In clockedsystems,it is necessaryto havetheentirecircuit operatingataspeedgoverned

by theslowestsinglecircuit elementasall datatransfersaregovernedby theglobalclock.

This meansthat circuits in thecritical pathoften requireconsiderabledesigneffort and

extracomplexityto ensurethatworst-casedatacanbedealtwith insidethedesiredclock

period. Asynchronoussystemsmanagethe transferof dataat a local level, and have

flexibility in thetime takenby anyindividualcircuit stage.Asynchronouscircuitscanbe

designedwith completiondetectionor data-dependentdelay.Thismeansthatcircuitscan

bedesignedto maintaina high throughputfor typical data,andthepathologicalcasesbe

simply given longerto complete.While the practicalbenefitsof data-dependentdelays

maybelimited by surroundingstageswherea singletypeof operationis performedin a

pipeline,thebenefitsof averagecasecomputationcanberealisedvery effectivelywhen

most of the variation in delay is small except for rare worst cases.

Reduced electromagnetic interference

In synchronoussystems,all activity is focusedaroundtheedgesof theclockwhendatais

passedthroughlatchesandprocessinglogic calculatesthenextresults.This localization

in time causessharpspikesin currentconsumptionoccurringaroundeachactiveclock

edge;andthesespikescauselargeamountsof electromagneticenergyto be radiatedat

harmonicsof theclock frequency(aswell ascausingpotentialelectromigrationdamage

to powersupplyinterconnectionson chips).In contrast,anasynchronoussystemhasits

activity spreadout: evenwhenthe overall throughputof a processingpipelineis fixed,

newdata‘ripples’ throughthepipelinewith naturalvariationsin eachstageblurring any

driving frequency. This means that asynchronouscircuits radiate very little

electromagneticinterference.A comparisonof electromagneticradiation has been

performedof theasynchronousAMULET2e andthecomparableclockedARM processor

executingthesameprograms[119], andtheAMULET causesdramaticallylessradiated

energy,without any visible harmonics.In contrast,the ARM processorhasharmonic

spikesvisible in thespectrumgoingwell beyond1GHz(i.e.well into GSMmobilephone

operating frequencies).Clearly, for wireless mobile communicationdevices it is
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important to minimise emissions from the digital components to avoid interference with

the sensitive radio receiver circuits.

Modularity of design

Asynchronous circuits have precisely specified interfaces: with bundled data interfaces,

output data is specified as being stable when (for example) an output request signal is

asserted while with delay-insensitive interfaces, validity is encoded in the data itself. The

precise specification simplifies the task of designing large systems. The task is reduced to

that of designing the component modules and verifying that their interfaces are

implemented correctly. The precisely defined interfaces also simplify integration of the

asynchronous modules into the final system, as signal specifications are independent of

any global timing reference and there is no need to worry about clock skew, and the

module-based approach also simplifies design reuse.

Delay-insensitive interfaces offer the ultimate in composability, at the expense of some

circuit overhead. As wire delays become increasingly significant, the task of ensuring that

a number of different on-chip peripherals all function together in a reliable manner is

becoming a very serious issue. DI interfaces are guaranteed to work correctly, regardless

of wire delays. As there is no need to build timing margins into DI signals, they can

operate significantly faster than other distribution techniques; allowing the wiring

overhead to be reduced by time-division multiplexing of signals. The power cost of

driving the wiring capacitances can be made equivalent to a single-rail bus carrying

random data by using 1-of-4 encoding with 2-phase transition signalling: a single signal

transition is required for every two bits transmitted. This form of encoding needs very

simple circuits at the transmitter and receiver.

One possible solution to the problem of composing heterogeneous systems-on-chip is to

use asynchronous interconnections between modules, with a mixture of asynchronous and

synchronous modules. Synchronous modules are surrounded by an asynchronous wrapper

with a locally-generated clock which can be stopped and started as required [120] [121].



2.3 Asynchronous design

Chapter 2:  Design for low power 82

2.3.4 Disadvantages compared to clocked designs

Lack of tool support

The development of the clock as a design aid was originally intended to simplify the

design and verification of circuits, by separating the task of designing the logic function

from that of designing the timing specification. If a logically correct circuit would not

work at a given speed, then the clock could simply be slowed down until it could generate

the output in the given time with sufficient additional margin. So successful was this

premise that over the last thirty years, vast amounts of money have been invested in

computer-aided design tools and methods. However, with the drive for ever-increasing

clock speeds and smaller process sizes, the paradigm of the clock has begun to cause as

many problems as it is solving. Despite this, the semiconductor industry has such an

investment in synchronous design tools it is unlikely to relinquish the techniques quickly,

except in very specific applications.

The dominance of synchronous design means that there are virtually no commercial

design tools available explicitly to support the asynchronous designer. Many of the design

tools can be used equally well in either field, such as schematic or layout editors, but tools

such as automated logic synthesis and formal verification tools are still only available

from academia; and technology mapping and automated place-and-route tools that are

aware of the issues required by asynchronous designs are still unavailable.

Reduced testability

Testing is extremely important for any commercial VLSI device, to detect defects in

manufacturing. Typically in clocked circuits, testing is performed by a scan-path interface

where pipeline latches operate as a large shift register. This allows test patterns to be fed

through the datapath to check correct operation. The difficulty in testing asynchronous

circuits is that they tend to contain very much more state information than clocked

circuits. As well as the pipeline latches, every handshake circuit contains memory

elements which must be included in the test process to be certain that no faults exist.
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In practice it may be possible to use standard synchronous test pattern generators to

produce test vectors for bundled datapaths, and to use knowledge of the handshake

circuits to manually design tests for those components. Certain classes of DI circuit such

as NCL have very good testability properties; and as the control and datapath functions

are merged to some extent they can be tested with an appropriate set of input vectors.

Another approach for testing asynchronous circuits is to use built-in self test, where a test

pattern generator feeds test inputs through the device and checks that the correct results

appear. This can be applied to circuits which have no specific design-for-test features,

with little impact on performance or total area [122].
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Chapter 3: CADRE: A new DSP
architecture

3.1 Specifications

The OAK DSP in the GEM 301 baseband processor maintained a maximum throughput

of about 40 MIPS, and it is claimed that all of the baseband functions for GSM require a

total of 53 MIPS [29]. Based on this, it is expected that the next generation of mobile

phone chipsets will require a throughput of greater than 100MIPS from the DSP. A target

performance of 160MIPS has been chosen for the new design presented in this thesis,

which is intended to meet the requirements for this application comfortably and represents

an approximately fourfold increase in throughput over the OAK chip.

The GSM standard specification requires 16 bit arithmetic with 32 bit accumulators, but

an additional 8-bit guard portion for the accumulators is to be included in the new design

to give a total of 40 bits: this simplifies program design by allowing up to 128 summations

before overflow is possible. It is envisaged that this processor will be operating in

conjunction with a 32-bit microcontroller such as an ARM, so interfaces to memory are

32 bits wide, as are the instructions. The new processor is to have a 24-bit address bus

width, thereby allowing memory addresses to be comfortably stored as immediate values

within the 32-bit instructions.

3.2 Sources of power consumption

The power consumption in an on-chip processing system as described here can be broken

down into two main areas. The first main area is the power cost associated with accesses

to the program and data memories. This is made up of the power consumed within the

RAM units themselves, and the power required to transmit the data across the large
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capacitance of the system buses. Memory accesses can form the largest component of

power consumption in data-dominated applications, and a study of the Hitachi HX24E

DSP [130] showed that memory accesses caused a significant proportion (~20%) of the

total power consumption even where the activity of the system is not dominated by

memory transfers.

The second main area of power consumption comes from the energy dissipated while

performing the actual operations on the data within the processor core. This is made up of

the energy dissipated by transitions within the datapath associated with the data, and the

control overhead required to perform the operations on the data.

3.3 Processor structure

The challenge for the new DSP is to meet the required throughput without excessive

power consumption. An instruction rate of 160 MIPS is not large when compared with

current high-performance microprocessors. However, the demands of low power

consumption and low electromagnetic interference mean that lower operating speeds are

preferred. Meeting the required throughput at a lower operating speed necessitates the use

of parallelism, where silicon die area is traded for increased throughput. This allows

simpler and more energy efficient circuits to be used within each processing element, and

for the supply voltage to be reduced for a given throughput (architecture driven voltage

scaling, as described in section 2.2.1 on page 43). Multiple functional units also provide

flexibility for the programmer to rearrange operations so as to exploit correlations

between data [126]. Silicon die area is rapidly becoming less expensive; indeed, one of

the emerging challenges is to make effective use of the vast number of transistors

available to the designer [127]. This makes parallelism and replication very attractive.

Most new DSP offerings by the major manufacturers incorporate some form of

parallelism, such as the LSI Logic Inc. ZSP164xx DSPs [128] with 4-way parallelism or

the Texas Instruments TMS320C55x low-power DSPs [129] which feature two multiply-

accumulate units and two ALUs.
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3.3.1 Choice of parallel architecture

The OAK DSP core in the GEM301 basebandprocessormaintains a maximum

throughputof approximately40MIPSwhenengagedin acall usingahalf-ratecodec.This

is a uniscalardevice,andsofour way parallelismhasbeenchosento reachtherequired

throughputof 160MIPS.Four-wayparallelismalsogivesnear-optimalpowerreduction

accordingto analysesof architecture-drivenvoltagescaling[38] [40]. The choiceand

layout of the functionalunits weredecideduponby examininga numberof key DSP

algorithms[9] to seehow parallelismcouldbeexploited.To give a startingpoint for the

instructionset,thebenchmarkalgorithmsfor theMotorola56000DSPseries[14] were

chosen,as the authorhassomeexperiencewith this rangeof processors.The chosen

algorithmswereFIR filters, IIR filters andfastFouriertransforms;theFIR filter andFFT

will be illustrated here.

FIR Filter algorithm

The first algorithm consideredwas the FIR Filter algorithm.This is expressedby the

equation andthereareclearlya numberof waysin which this sum

of productscan be implementedin parallel form. The time-consumingportion of this

algorithmis thesuccessionof multiply-accumulate(MAC) operationsandso,to speedup

executionby a factor of four, it is necessaryto havefour functional units capableof

performing these multiply-accumulate operations.

A simpleway of distributingthearithmeticfor this algorithmis to haveeachMAC unit

processa quarterof theoperationson eachpassof thealgorithm,storingthepartialsum

in ahigh-precisionaccumulatorwithin theunit. At theendof thepass,a final summation

of thefour partialsumsis performed.Thesefinal sumsrequireadditionalhigh-precision

communicationpathsbetweenthe functional units to avoid loss of precision,and to

performthesumin theshortestpossibletime requirestwo of thesepathways(assuming

only 2-input additions).The distribution of operationsto the various functional units

(MAC A-D) is shown in Table 3.1.

Arithmeticoperationsareof theform, ‘operation src1,src2,dest’ wheresrc1

andsrc2 are16or 40bit valuesanddest specifiesthedestinationaccumulator.Where

y n( ) ckx n k–( )
k 0=

M 1–∑=
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one of the sources is an accumulator from another functional unit, the notation mac[a-

d]:src is used to indicate which functional unit and accumulator is involved. The mpy

operation is a 16x16 bit multiply, the macoperation is a 16x16 bit multiply with the result

being added to the destination accumulator, and the add operation is a 40 bit addition.

Bold type indicates the operation in the algorithm after which the result is available.

When more than one item of new data is available at a time (such as when processing is

block-based) it is possible to optimise the FIR filter algorithm to reduce power

consumption, by transforming the algorithm so that 4 new data points are processed on

each pass. The transformed sequence of operations is shown in Table 3.2. The benefit of

this transformation is that correlations between both the data values and the filter

coefficients can be exploited. In the new arrangement, the filter value is held constant at

one input of the multiplier over four successive multiplications while successive data

values are applied to the other input. This dramatically reduces the amount of switching

activity within the multiplier, at the expense of requiring more instructions and more

accumulator registers in each functional unit. Where the coefficients are being read from

main memory, this technique also reduces the frequency of coefficient reads by a factor

of four. This technique can be extended to use as many accumulators as are implemented

within the functional units [81] [83]; however, it was felt that 4 accumulators per

functional unit gave a good trade-off between complexity and possible power savings,

and was sufficient to implement the algorithms under consideration in an efficient

manner.

MAC A MAC B MAC C MAC D

mpy x n,c 0,a mpy x n-1 ,c 1,a mpy x n-2 ,c 2,a mpy x n-3 ,c 3,a

mac x n-4 ,c 4,a mac x n-5 ,c 5,a mac x n-6 ,c 6,a mac x n-7 ,c 7,a

… … … …

mac x n-i ,c i ,a mac x n-i-1 ,c i+1 ,a mac x n-i-2 ,c i+2 ,a mac x n-i-3 ,c i+3 ,a

(i = 4,8,…)

… … … …

mac x n-M+4 ,c M-4,a mac x n-M+3 ,c M-3,a mac x n-M+2 ,c M-2,a mac x n-M+1 ,c M-1,a

- add maca:a,a,a - add macc:a,a,a

- - - add macb:a,a,a

Table 3.1: Distribution of operations for simple FIR filter implementation
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Each functional unit now maintains 4 partial sums, one for each of the passes of the FIR

filter algorithm, and these partial sums are again brought together at the end of processing.

In this case, 4 high precision pathways between the functional units would be beneficial,

but this represents too great an area overhead. Instead, it was noted that the summation of

results across the functional units occurs in a pairwise fashion, and so it was decided to

group the functional units into two pairs (Mac A and B, Mac C and D) connected by local

high precision buses, with all four units connected by a single global high precision bus.

As a shorthand, these buses are named LIFU1&2 (Local Interconnect of Functional Units)

and GIFU (Global Interconnect of Functional Units). This arrangement, as shown in

Figure 3.1, provides the benefits of having three high precision pathways for most

operations, but incurs the area expense of only two global pathways. Driving shorter local

buses also causes less power consumption. Despite only having three pathways to

perform summations over, it is still possible to keep all of the functional units occupied

by interleaving the summation of the partial results with the final set of multiplications.

Details of this have been omitted from Table 3.2 for the sake of clarity.

MAC A MAC B MAC C MAC D
mpy x n,c 0,a mpy x n-1 ,c 1,a mpy x n-2 ,c 2,a mpy x n-3 ,c 3,a

mpy x n-1 ,c 0,b mpy x n-2 ,c 1,b mpy x n-3 ,c 2,b mpy x n-4 ,c 3,b

mpy x n-2 ,c 0,c mpy x n-3 ,c 1,c mpy x n-4 ,c 2,c mpy x n-5 ,c 3,c

mpy x n-3 ,c 0,d mpy x n-4 ,c 1,d mpy x n-5 ,c 2,d mpy x n-6 ,c 3,d

… … … …

mac x n-j ,c j ,a mac x n-j-1 ,c j+1 ,a mac x n-j-2 ,c j+2 ,a mac x n-j-3 ,c j+3 ,a

mac x n-j-1 ,c j ,b mac x n-j-2 ,c j+1 ,b mac x n-j-3 ,c j+2 ,b mac x n-j-4 ,c j+3 ,b

mac x n-j-2 ,c j ,c mac x n-j-3 ,c j+1 ,c mac x n-j-4 ,c j+2 ,c mac x n-j-5 ,c j+3 ,c

mac x n-j-3 ,c j ,d mac x n-j-4 ,c j+1 ,d mac x n-j-5 ,c j+2 ,d mac x n-j-6 ,c j+3 ,d

(j = 4,8,…)

… … … …

mac x n-M+1 ,c M-4,a mac x n-M,c M-3,a mac x n-M-1 ,c M-2,a mac x n-M-2 ,c M-1,a

mac x n-M,c M-4,b mac x n-M-1 ,c M-3,b mac x n-M-2 ,c M-2,b mac x n-M-3 ,c M-1,b

mac x n-M-1 ,c j ,c mac x n-M-2 ,c M-3,c mac x n-M-3 ,c M-2,c mac x n-M-4 ,c M-1,c

mac x n-M-2 ,c j ,d mac x n-M-3 ,c M-3,d mac x n-M-4 ,c M-2,d mac x n-M-5 ,c M-1,d

add macb:a,a,a add maca:b,b,b - add macc:a,a,a

add macd:a,a,a - add macd:c,c,c add macc:b,b,b

add macb:c,c,c add macd:b,b,b - add macc:d,d,d

- add maca:d,d,d add maca:c,c,c -

- - - add macb:d,d,d

Table 3.2: Distribution of operations for transformed block FIR filter algorithm
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Fast Fourier Transform

The fast Fourier transform is actually a ‘parallelised’ form of the discreteFourier

transformdescribedby theequation . Thealgorithmconsistsof a

seriesof passesof the‘FFT butterfly’ operatoracrossthedata.Thebutterfly operateson

two (complex)datavaluesa andb to producetwo outputdatavaluesA andB according

to the equations and , where Wi is the value of a complex

exponential(theso-called‘twiddle factor’). Thecalculationof eachbutterfly requiresa

complexmultiply andtwo complexadditions.In general,thecomplexmultiplication

requires four real multiply operations and two real additions, to calculate

and .

Two furthercomplexadditionsarethenrequiredto generateA andB, requiringfour real

additionsin total.However,if thefunctionalunitssupportshiftingof oneof theoperands,

to produceamultiplicationby a factorof two, thenit is possibleto avoidtwo of thefinal

additions by using the following algorithm:

(10)

(11)

(12)

(13)

Figure 3.1  Layout of functional units
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A natural way of performing these calculations within the functional units is to use them

in pairs, to perform the complex operations for two butterflies simultaneously. The

mapping of the FFT butterfly is shown in Table 3.3. This mapping requires two write ports

to the accumulator bank in each functional unit, so that the moves can take place in

parallel with the operations (with read-before-write sequencing being enforced within the

functional units). The italicised move operations only require a separate instruction on the

first FFT butterfly of each pass, as they can take place in parallel with the final add of the

accumulators when a number of butterflies are being performed in succession. A full

implementation of this algorithm can perform 4 complex FFT butterflies with 6 parallel

instructions, with all of the functional units fully occupied throughout.

Choice of number representation

The study of number representations presented in section 2.2.3 on page 58 showed that

sign-magnitude representation offered significantly reduced switching activity for DSP

algorithms, and so this arithmetic has been used within the new DSP. The reduced

switching activity due to the data representation affects power consumption throughout

the system. This is particularly significant when the large capacitance of system buses to

memory is considered.

3.3.2 Supplying instructions to the functional units

Having chosen a parallel structure for the processor, the next challenge is to devise a

method of supplying independent instructions to the functional units at a sufficient rate

without excessive power consumption. In a general-purpose superscalar microprocessor,

this task is often managed by a dedicated scheduling unit which analyses the incoming

MAC A MAC B MAC C MAC D

move a1r,a move a1i,a move a2r,a move a2i,a

move a,b
mac W1r,b1r,a

move a,b
mac W1i,b1r,a

move a,b
mac W2r,b2r,a

move a,b
mac W2i,b2r,a

mac -W1i,b1i,a mac W1r,b1i,a mac -W2i,b2i,a mac W2r,b2i,a

add 2b,-a add 2b,-a add 2b,-a add 2b,-a

Table 3.3: Distribution of operations for FFT butterfly
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instruction stream and dispatches independent instructions to the available resources. This

approach has been adopted by ZSP Corporation for the ZSP164xx DSPs. However, the

scheduling unit is a complex device which consumes significant amounts of power, so for

power-critical applications it makes more sense to remove this task from the processor.

Instead, the programmer (or, more often, the compiler) can group independent

instructions, in advance, into a single very long instruction word which can be read from

memory and directly dispatched to the functional units. The VLIW approach is becoming

the more common method for managing parallelism in current DSPs. The main drawback

with conventional VLIW is that, where dependencies exist, it is necessary to insert NOPs

within the instruction word which reduce the code efficiency. This can be tackled to some

extent by using variable length instructions, such as the EPIC (Explicitly Parallel

Instruction-set Computing) technique [131] at the expense of greater complexity of

instruction decoding. Variable length instructions of this type are employed in the Texas

Instruments TMS320C55x DSPs. However, in the case of both superscalar and VLIW

approaches it is necessary to fetch instruction words from program memory at the full rate

demanded by the functional units.

DSP operations tend to be characterised by regular repetition of a number of short, fixed

algorithms. It is possible to exploit this characteristic to reduce the quantity of information

that needs to be fetched from program memory, thereby reducing power consumption.

One possible method would be to cache the incoming instruction stream, to exploit the

locality of reference in the memory accesses. However, an energy overhead is associated

with the process of searching for a hit in cache memory, particularly when multi-way

associative caches are used. In addition, it is still necessary to fetch instructions and

update the program counter at the full issue rate of the processor or to use a very wide

instruction path.

In CADRE, the VLIW encodings for the required instructions can be stored, in advance,

in configuration memories located within the functional units themselves. These stored

operations can then be recalled with a single word from program memory, dramatically

reducing the amount of information that needs to be fetched, and also reducing the

required size of main memory. Commercial DSPs already exist which make use of

configurable instructions, such as the Philips REAL DSP core [132] or the Infineon
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CARMEL DSP core [133]. However, both of these have a single global configuration

memory for the entire core, which is only used for specialised instructions. The scheme

adopted in CADRE differs in that all parallel execution is performed using preconfigured

instructions. Compressing instructions and reducing instruction fetch activity by means of

a look-up table has been proposed before, for embedded microprocessors [86] and DSPs

[87]; however, in these cases a simple index into the look-up table was used to refer to the

instructions, and single look-up table was used for the entire processor. In the new design,

two separate indices are used to specify different aspects of parallel operation, and

components of the parallel operations can be flexibly disabled or made conditional when

the instructions are recalled. Also, the configuration memory is broken up, with separate

configuration memories located within each functional unit, to reduce the distance over

which the data needs to travel and hence the power consumption. Locating the memories

within the functional units also increases modularity, and allows any arbitrary type of

functional unit to be inserted into the architecture (although to speed design, identical

functional units are being used in the prototype). In the current design the configuration

memories are RAMs, allowing reconfiguration at any point in execution. For a given

application, it may be desirable to turn part of this storage into ROM to encode a few

standard algorithms. The configurable nature of the new DSP leads to its name: CADRE-

Configurable Asynchronous DSP for Reduced Energy.

3.3.3 Supplying data to the functional units

Given a parallel processing structure, and a means of supplying instructions to it, the next

design issue is to supply data at a sufficient rate, without excessive power consumption.

This is clearly a serious problem, as each functional unit can require two operands per

operation and may also need to write data back from the accumulators, giving a total of

eight reads and four write accesses per cycle.

CADRE, in common with many other current DSPs, uses a dual Harvard architecture

where one program memory and two separate data memories (labelled X and Y) are used.

This avoids conflicts between program and data fetches, and many DSP operations map

naturally onto dual memory spaces (e.g. data and coefficients for a FIR filter operation).

The memory hierarchy principle works well for DSPs, as many algorithms display strong

locality of reference. For this reason, a large register file of 256 16-bit words was included
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in CADRE, segmentedinto X and Y register banks to match the main memory

organisation.

The largeregisterfile allows for a high degreeof datareuse(allowing, for instance,a

completeGSMspeechdataframeof 160wordsto bestored),anda largeexplicit register

file offersa significantadvantageoverhavinga cacheandfewerregistersasis common

in traditional DSP architectures.In the programmer’smodelsof most traditional DSP

architectures,as shown in Figure 3.2a, operandsare treatedas residing within main

memoryandareaccessedby indirect referenceusingaddressregisters.Theseaddress

registersmustbewideenoughto addresstheentiredataspaceof theprocessor,24bits in

thisdesign.After eachoperation,it isgenerallynecessarytoupdatetheseaddressregisters

to point to the next data item. The dataaddressgenerators(DAG) generallyprovide

support for the algorithm being executed,with circular buffering or bit-reversed

addressing,andthereforerequirecomplexcircuitry. Evenif all eightof thefetcheddata

itemsresidewithin the cache,thereis still a significantpowerconsumptionassociated

with theseaddressregisterupdates(upto eightof them),andthispowermustbeaddedto

that required for the cache lookups.

In thenewarchitecture(Figure3.2b),24-bit addressregistersareusedonly for loading

andstoringdatain bulk betweenthedataregisterfile andmainmemory.32-bitportsfrom

theregisterbankto bothX andY memoryallow up to 2 registersfrom eachbankto be

transferredsimultaneouslyusingasingleaddressregisterfor eachbank.Oncethedatais

loadedinto the registerbank, it can be accessedindirectly by meansof 7-bit index

registers.The7-bit dataindexgenerators(DIG) givemuchfasterupdatesatamuchlower

powercostthantheir24-bitcounterparts.Also,amulti-portedregisterfile is significantly

lesscomplexandconsumessubstantiallylesspowerthana multi-portedcachememory,

particularlyif thecacheis anassociativedesign.Thechoiceof 128-wordregisterbanks

allows a single32-bit instructionto setthe valueof four index registers,with 4 bits to

encode the instruction.

Theuseof indexregistersto accessdataalsoallowsmoreefficient useof configuration

memory:ratherthanstoringdirect registerselectionsfor eachdifferent algorithmto be

executed,it is possibleto useindirectreferencesvia indexregisters.If eachalgorithmis

designedto usethesameindexregisters,thenthesameconfigurationmemoryentrycan



3.3 Processor structure

Chapter 3:  CADRE: A new DSP architecture 94

be usedfor all of the algorithmswith the index registersset in advanceto point at the

correct data. CADRE contains 8 index registers named i0-i3 and j0-j3.

Theuseof aregisterfile givesCADREareasonablysimpleRISC-likestructure,asshown

in Figure3.3. This leadsto a very simpleprogrammer’smodel: the dataneedonly be

loadedinto theregisterbankbeforeit is accessibleto all of thefunctionalunits.Thisalso

improvesthe locality of communications,asmostof thepathwayson theprocessorcan

be madequite short.CADRE is far closerto a conventionalprogrammableprocessor

architecturethan,for example,thePleiadesconfigurablesignal-processingarchitecture,

Figure 3.2 Reducing address generation and data access cost with a register file
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which is formed by a heterogeneous collection of semi-autonomous functional units and

memories connected by a central communication network [134] and so is more

reminiscent of an ASIC.

3.3.4 Instruction buffering

Most DSPs include some form of hardware loop instruction, allowing an algorithm to be

executed a fixed number of times without introducing branch dependencies. In the

CADRE architecture, this function is managed by a 32 entry instruction buffer, which also

manages the loop count meaning that subsequent stages see an entirely flat instruction

stream, and supports up to 16 nested loops. The highly compressed instructions mean that

even fairly complex DSP kernel routines can fit within this space, and can be executed

without the need to access main memory. A study of the Motorola M-Core ISA found that

Figure 3.3  Top level architecture of CADRE
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main I-cache references could be reduced by about 38% through the use of a 32-entry loop

cache, with little benefit being obtained by using more than 32 entries [135]. A study of

the Hitachi HX24E DSP [136] showed that power consumption could be reduced by

between 25% and 30% by employing a 64 entry instruction buffer: this was sufficiently

large for simple algorithms, but not for example a FFT. The compressed instructions for

CADRE allow more complex algorithms to be stored, despite the use of a smaller buffer.

The use of an instruction buffer to reduce power consumption has also been adopted for

the new Texas Instruments TMS320C55x processors.

Apart from the looping behaviour, the buffer acts as a FIFO ring-buffer to store prefetched

instructions, meaning that the next set of instructions can be prepared while either

executing the current algorithm or when waiting for new data to arrive. The combination

of the large register file and the compressed instruction buffer can greatly reduce the

number of memory accesses, as is demonstrated by the results in section 9.3.3 on page

page 202.

3.4 Instruction encoding and execution control

In keeping with a RISC-like philosophy, the instructions for the DSP all consist of 32 bit

words. Instructions are split into two classes: compressed parallel instructions, or all other

control and setup instructions. Control and setup instructions are responsible for tasks

such as setting up index and address register values and initializing loops, after which the

processing work can be done by the compressed parallel instructions without disturbance.

A full description of the instructions for the processor can be found in Appendix B.

Compressed parallel instructions are described by a 32 bit instruction which maps onto a

320 bit long instruction word, stored in 10 separate 128 x 32-bit configuration memories,

as shown in Figure 3.4.

Within each functional unit are two separate 32 bit configuration memories, the opcode

and operand memories. The configuration words from opcode memory set up the

sequence of operations to be performed by the ALU, which can consist of any

combination of:
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• An ALU operation (with the result being written to the ALU accumulators).

• A parallel move to the ALU accumulators.

• A writeback from the accumulators to the register bank.

Also, the opcodeconfigurationword is responsiblefor settingup additionalfunctions

such as driving of the GIFU / LIFU.

Theconfigurationwordsfrom theoperandmemoryspecifythesourceof thedatafor the

operationsin theALU, thedestinationsfor theoperations,andthetargetregisterof any

writeback.The sourcedatafor operationsareselectedby the input multiplexer(imux),

andcanbe eitheran indirect referenceto the registerfile (usingoneof the eight index

registers),a direct referenceto the registerfile, or an immediatevalue storedin the

operand memory.

Figure 3.4  Parallel instruction expansion
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Theremainingtwo configurationmemoriesarelocatedoutsidethefunctionalunits.The

first of theseholds detailsof how the index registersare to be updated.The second

specifies load or store operationsto be performed in parallel with the arithmetic

operations,andincludesdetailsof theaddressregistersto beusedto accessmemory,how

the addressregistersare to be updated,and which register locationsare to be used

(specified either directly, or indirectly using an index register value).

Compressedparallelinstructionsareindicatedby meansof azeroin themostsignificant

bit position,so that they canbe rapidly identified. The instructionformat is shownin

Table 3.4. Each 32 bit parallel instruction contains two 7-bit fields to select the

configurationmemory entries required for the operation:bits 0-6 select the opcode

configurationmemoryword to beused,while bits7-13selecttheoperandmemoryword

to be usedandalsowhich load/storeandindex updateoperationsareto be performed.

Splitting theconfigurationmemoryin thiswayallowsthemaximumamountof reusefor

configurationmemorylocations;for example,manyalgorithmsmayrequirefour parallel

multiply-accumulate operations, but may require different patterns of register accesses.

To provide even more flexibility in operation,and to reduceconfigurationmemory

requirementsstill further, it is possibleto disablecomponentsof the storedparallel

operationselectivelyfrom within the compressedinstructionword. This allows each

Bit position Function

0-6 Opcode config. memory address

7-13 Operand / load-store / index config. memory address

14 Enable for load/store operations

15 Global enable of writes to accumulators

16 Global enable of writebacks

17 Enable index register updates

18-22 Condition code bits

23-26 Enable operations in functional unit 1-4

27-30 Select conditional operation in functional unit 1-4

31 0 - indicates a parallel instruction

Table 3.4: Parallel instruction encoding
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configuration memory location to specify the maximum number of possible concurrent

operations, avoiding redundancy of storage, and each algorithm can then select only those

parallel components required at the time. Bits 14-17 respectively of the compressed

instruction are master enables for the load / store operations, writes to the accumulators,

writebacks to the register bank and updates to the index registers; and bits 23-26 enable

or disable arithmetic operations in each of the functional units.

A demonstration of the benefit that can be obtained by allowing portions of a parallel

operation to be disabled is given in Figure 3.5. This shows an algorithm with a number of

serial operations: the input to the algorithm is processed by operation 1, the result of

operation 1 is processed by operation 2, the result of 2 by 3, the result of 3 by 4, and the

result of operation 4 is written back to the register file. This type of algorithm can be

mapped onto a parallel structure by the use of software pipelining. In the first instruction,

the first input word is loaded from memory. Then, this is processed by operation 1 while

the next input word is loaded from memory. Operation 2 then processes the result of

operation 1, while operation 1 processes the previously fetched input word and the third

input word is loaded from memory. This develops, with each of the operations processing

data from the previous sample in the sequence, until the software pipeline is operating

fully (within the DO loop), and processing is occurring simultaneously in all of the

functional units. Finally, when all of the data has been fetched from memory, the last data

word empties out of the software pipeline and is finally written back. The ability to enable

and disable portions of the parallel operation means that the whole algorithm can be

encoded using a single configuration word in operand and opcode memories; which

encodes the instruction for the fully-developed pipeline. All of the other instructions can

be created by disabling certain portions of that instruction, without the need to store

additional instructions containing partial NOPs in the configuration memory.

Arithmetic operations in each of the functional units can also be made conditional, using

bits 27-30. Each functional unit maintains an internal condition code register, and the state

of this can be tested against the condition code provided in the instruction. Conditional

execution reduces the need for branch instructions, which disrupt normal pipeline

operation unless expensive branch prediction is used.
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A further form of conditional execution is provided, beyond testing of the condition codes

within the functional units, which is intended to improve the regularity and reduce the size

of software-pipelined code. As shown in Figure 3.5 and Figure 3.6, additional code is

Figure 3.5  An algorithm requiring a single configuration memory entry

{

load

}

{

operation 1

load

}

{

operation 1

operation 2

load

}

{

operation 1

operation 2

operation 3

load

}

{

operation 1

operation 2

operation 3

operation 4

load

}

do #count

{

operation 1

operation 2

operation 3

operation 4

writeback

load

}

enddo

{

operation 1

operation 2

operation 3

operation 4

writeback

}

{

operation 2

operation 3

operation 4

writeback

}

{

operation 3

operation 4

writeback

}

{

operation 4

writeback

}{

writeback

}



3.4 Instruction encoding and execution control

Chapter 3:  CADRE: A new DSP architecture 101

required before and after the main loop to set up and empty the software pipeline. The use

of loop conditional instructions allows some of the pre- and post-loop code to be merged

into the loop. Loads and stores, arithmetic operations, and writebacks can all be made

conditional on whether the processor is executing the first or last instruction in the loop.

For the example of Figure 3.6, use of these loop conditionals gives the new code two less

instructions outside of the loop body, as shown in Figure 3.6b.

3.4.1 Interrupt support

DSP pipelines are traditionally optimised for repeated execution of small DSP kernel

routines, and are less efficient at executing control-oriented code. However, most

manufacturers add extra hardware to their designs, such as branch prediction, speculative

execution, complex interrupt structures and support for exact exceptions, to improve the

control performance and allow the processor to be used as a stand-alone device. CADRE

is intended to operate in conjunction with a microprocessor, and so a considerable amount

of this hardware can be eliminated by allowing the microprocessor to handle control tasks

Figure 3.6  Using loop conditionals to reduce pre- and post-loop code
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and for the DSP to operate in the role of a coprocessor. Obviating the requirement for

additional hardware, through the proper allocation of tasks between the two devices in this

application, contributes to lowering the overall power consumption. The microprocessor

prepares tasks for the DSP, and instructs it to perform them through a simple interrupt

structure which also allows for synchronisation with data. Under normal circumstances,

the DSP will only respond to an interrupt when halted, i.e. when it has completed the

current task. This allows the processor state to be managed without the need for exact

exceptions. If necessary, the host microprocessor can issue a non-maskable interrupt,

which will cause the DSP to respond immediately at the expense of losing the current

processor state. Situations where non-maskable interrupts would be issued are cases when

the processor has failed to complete the current task in the time available, or when an

urgent event must be tended to, and so it is acceptable to discard the data and either repeat

the operation later or not as required by the application.

3.4.2 DSP pipeline structure

A block-level representation of the DSP pipeline is shown in Figure 3.7. The fetch stage

autonomously fetches instructions from program memory, from where they are passed on

to the instruction buffer stage. From here, the instructions pass on to the decode stage,

where the most-significant bit is examined to separate them into compressed parallel

operations and control / setup instructions. Control and setup instructions are decoded and

executed without further pipelining, to minimise setup latency. However, to avoid

conflicts if the resources to be accessed lie in a downstream pipeline stage it is necessary

for intermediate stages to first become free.

If a compressed parallel instruction is detected, then a read is initiated in the operand

configuration memories, index update memory (within the decode block) and load/store

memory (within the load/store unit). Within the load/store unit, the appropriate address

registers are selected and are updated appropriately.

The next stage of operation is for each functional unit and the load/store unit to capture

those index register values which are required for indirect references to the data registers,

and for the index register values to be updated according to the current instruction.
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Once the register sources are known, each functional unit requests the specified data from

the register bank. While the registers are being read, the opcode configuration memories

are read to set up the operations to be performed in each functional unit, and any parallel

load or store operation is initiated through communication with the register bank. The

load or store operations are then free to complete autonomously, with a locking

mechanism preventing reads from registers that are the target for pending loads. Should

an attempt be made to initiate another load or store operation while one is still pending,

the pipeline stalls until the load or store completes.

After the register and configuration reads have completed, both the data and setup

information is valid. At this point, the requested arithmetic operations take place in the

functional units along with the associated parallel moves and writebacks to the register

file.

The pipeline is somewhat bottom-heavy: that is, multiply-accumulate instructions in the

functional units of the EXEC stage are likely to require significantly more time than the

Figure 3.7  CADRE pipeline structure
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operationsin the earlierstages.However,in an asynchronoussystemthis provesto be

beneficialfor keepingthemultiply-accumulatestagesfully occupied.Setupinstructions,

suchaschangesto the index registersor DO loop setups,may be interleavedbetween

parallelarithmeticoperationsso that the following parallel instructionswill ‘catch up’

with the precedingparallel instructions.Considerableamountsof time arealsoleft for

driving signalssuchastheindexregistersacrossthewholechip,makingthearchitecture

more robust to process shrinks.

3.5 Summary of design techniques

A broad selectionof the low-power designtechniquesusedin chapter2 have been

employedin thearchitecturefor CADRE. At thecoreof thedesign,architecture-driven

voltagescalingusingfour functionalunitsallowsagivenworkloadto beperformedwith

the minimum supply voltage. This also relaxestiming requirementson each stage

somewhat,allowing pipeline latchesto be operatedin normally-closedmodeto block

glitches.

Configurationmemorieswithin thefunctionalunitsallow very complexoperationsto be

distributedefficiently overtheparallelresources,without fetchingexcessiveamountsof

informationfrom themainprogrammemory.Theinstructionbuffer reducestheamount

of memoryactivity still further.By reducingthedistanceoverwhichdatamusttravel,the

amountof datarequiredandthesizeof thememoryfrom whichthedatamustbefetched,

the total switched capacitance per instruction is minimised.

A largeregisterfile allowsdatato bereused,againminimisingswitchedcapacitanceby

reducingthe averagedistanceover which datamustbe transmittedandthe sizeof the

memoryaccessed.Usingindexregistersto accessthedatain theregisterbankreducesthe

power consumption of address generation.

Sign-magnitudenumberingis employedin the dataprocessingelements,to exploit the

typical characteristicsof data in DSP applicationsand reducethe overall switching

activity bothwithin thefunctionalunitsandon busesthroughoutthesystem.Finally, the

roleof CADREalongsideahostmicrocontrollerallowsthecontrolfunctionsof theDSP

to be kept to a minimum, simplifying the processor design.
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To be truly effective, design for low power must consider all levels of design. The high

level architectural features discussed in this chapter set the framework for a low power

design. This must be complemented by the lower level techniques such as correct choice

of circuit structure, optimisation of transistor sizing and layout. A 0.35µm CMOS process

was the most advanced technology available when carrying out the work presented in this

thesis, but the techniques are applicable to smaller scale processes and advanced

technologies such as SOI.



4.1 Design style

Chapter 4:  Design flow 106

Chapter 4: Design flow

4.1 Design style

The asynchronous design style chosen for CADRE is based on 4-phase micropipelines

[90], with bundled data. This style has been chosen as it gives simpler circuits with lower

power consumption than delay-insensitive asynchronous designs, at the cost of greater

design effort in matching delays in control paths with the delays in the datapath. The

broadish data validity scheme is used for most interfaces, except where specific circuits

require broad protocol validity for their inputs.

The circuits of the processor are divided into two classes: asynchronous control circuits

and datapath circuits. The control circuits implement the interfaces between different

stages and control the operation of the datapath. The interfaces and the operation of the

control circuits are specified using signal transition graphs, with hazard-free

implementations produced by using the Petrify asynchronous circuit synthesis tool [117].

Datapath circuits consist of conventional processing logic, multiplexers, latches, etc.

4.2 High-level behavioural modelling

Before beginning the circuit design of a complicated device such as a processor, it is

desirable to have an abstract high-level model of its operations to test the architecture and

as a reference against which to verify correct operation. The LARD language [138]

facilitates the modelling of complex asynchronous systems, with in-built support for

asynchronous communication channels. However, due to the short time available for the

design of CADRE, it was felt that there was insufficient time to develop a complete

separate model. Instead, a compromise was made whereby the modelling process was

integrated with the general design of the processor.

4.2.1 Modelling environment

From the outset, it was intended that the Synopsys Timemill and Powermill simulation

tools would be used to perform simulations of the design from the schematic entry stage
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onwards. These simulation tools offer SPICE-like accuracy, but at a fraction of the

computational load for large designs. A standard component of these tools is the Analog/

Digital Functional Model Interface (ADFMI), which allows the designer to produce

behavioural models in the form of C language functions. Previously, this feature had been

used to produce test environments for circuits; it was now decided to use the modelling

features of ADFMI to support the design of the processor. The advantage of this technique

is that the same simulation environment and set of tests can be maintained while the

design is hierarchically refined, with circuit blocks being replaced by functional models

at whatever level of complexity is appropriate. This allows the operation of the processor

to be studied and conclusions drawn at whatever actual stage of development has been

reached. Also, a particular part of the design can be tested in its place, with the rest of the

circuits operating in the form of models to reduce simulation time. As a final aid to the

design process, functional model blocks can be made to report the state of various parts

of the design (such as register contents, memory contents, etc.) to log files. Graphical

displays of this data can be made either in real time as the simulation is occurring, or

played back later, as an aid to debugging both the design and the test programs being run

on the design. The presented approach is valid for many other simulation systems that

allow co-simulation of circuits with behavioural modelling languages like Verilog or

VHDL.

For the design of CADRE, blocks with complex functions (such as the instruction buffer,

register file, configuration memories, index units and functional units) were initially

modelled as whole units implementing both the asynchronous interfaces and the

processing functions. Simpler elements, such as the fetch unit or instruction decode unit

were modelled at a lower level, with datapath elements and asynchronous control circuits

represented by separate models. Some trivial datapath functions were implemented

directly with circuits, when the effort of producing a C model would have been

disproportionately large.

Once confidence had been obtained in the operation of the design at the highest level of

abstraction, it was then possible to refine the design by specifying the datapath and control

elements of the more complex units. Simulation could then be performed again, with C

models for the new lower levels of hierarchy. Finally, once the design was completely in
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the form of C modelsfor asynchronouscontrol circuits anddatapathelements,it was

possibleto progressivelysubstituteactualcircuitsin placeof theC models.Thiswasdone

for the datapathcircuits first, so that any unexpecteddifficulties or late changesin

implementationcouldbecateredfor simply,beforethecontrolcircuitsweresynthesised.

The final stage in the design flow would be to incorporateback-annotatedlayout

informationinto thesimulationsasphysicallayoutprogressed,althoughit hasnot been

possibleto reachthisstagein thiswork. Theoveralldesignflow is representedin Figure

4.1.

4.2.2 Datapath model design

The datapathelementsof the processorwere the simplest to model, as the only

requirementwasto generatetheappropriatelogical or arithmeticfunctionin responseto

the signals on its control inputs.

A Perlscriptwasproducedto automatetheproductionof theC models.Thisscripttakes

asaninputtheschematicblockrepresentingthecircuit’s inputsandoutputs,andproduces

askeletonC modelimplementationwith theinputandoutputsignalsdefined.Thedelays

for driving the outputsignalsaredefinedin a headerfile which containsdelaysfor the

entiredesign,andto addfurtherrigour to thetestingthedelaysaregeneratedwith auser-

definable random element.

4.2.3 Control model design

Theasynchronouscontrolcircuitswerespecifiedusingsignaltransitiongraphs(STGs).

Thesegiveacompletedescriptionof theessentialbehaviourof thecircuit and,ratherthan

manuallyproduceaC functionalmodelthatwould implementthisbehaviour,it wasseen

that a model could be automaticallyproducedfrom the specificationrelatively easily,

using an extension of the technique used to produce skeletal datapath models.

ThePerlscriptusedto generatetheskeletalmodelswasmodifiedto processSTGs,in the

sameformatasthatacceptedby thePetrifytool,alongwith theschematicdesignfile. The

only constraintwasfor the input andoutputsignalson the schematicto havethe same
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names as the signals in the STG specification, although it would be possible to modify the

script to prompt the user where uncertainty in the names existed.

The technique used to emulate the STG operation is very straightforward. An example of

a simple schematic block and its STG specification is given in Figure 4.2. Each arc in the

STG between two transitions represents a place where a token can reside, and the initial

Figure 4.1  STG / C-model based design flow for the CADRE processor
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stateof thesystemis with a tokenin the labelledplaceP0.ThePerl scriptanalysesthe

STG and generatesthe statestructureshown in Figure 4.3, which containsboolean

variablesfor eachof theseplacesindicatingwhethertheycontainatokenornot.Thisstate

structurealsocontainsanumberof othervariablesnecessaryto dealwith theoperationof

internal and output signals.

Thecoreof thefunctionalmodelis theso-calledevaluation function, which is calledby

the simulatoreverytime an input to the modelledcircuit changes,or whenan eventis

scheduledby themodelitself. Thebasicstructureof this functionis givenin Figure4.4.

A certainamountof setupandresetcodeis omittedfor thepurposeof illustration.At the

heartof theevaluationfunctionis aloopin whichall of thetransitionsarecheckedin turn.

A loop is neededto ensurethat all output or internal transitionsfollowing an input

transition are triggered correctly.

Examplesof codeto checkinput,outputandinternaltransitionsaregivenin Figure4.5.

In eachcase,all of theplacesleadinginto thetransitionarecheckedfor tokens.Only those

transitions for which all the tokens are present are then processed further.

For thecaseof an input transition,thestateof thecorrespondingsignalis tested.If the

signalhasundergonetheappropriatetransition,thenthetokensaretakenfrom theinput

placesandplacedinto the output transitions.The ‘active’ flag is alsoset to causethe

evaluation loop to be repeated.

An outputtransitionconsistsof two subsectionsof codeoccurringduringdifferentcalls

to theevaluationfunction.In thefirst part,thetokensaretakenfrom theinputplacesand

the outputsignal is set to the appropriatestate.To ensurethat any internal transitions

following theoutputtransitionoccurin theproperorder,aneventis scheduledto occur

after theoutputdelayof thesignal(which is setby themodel).A flag is setin thestate

structureto indicatethatthis transitionhasfired, andthetimeatwhich thetransitionis to

completeis stored.Whenthescheduledtime is reached,theevaluationfunctionis called

againandthesecondpartof thecodeis executed.Thisputsthetokensin theoutputplaces

of thetransition,andsetsthe‘active’ flag. Internaltransitionsarehandledin averysimilar

way to outputtransitionsexceptthatno signalneedsto besetby themodel:theinternal
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signalremainsentirelyabstract.Thesizeof thedelaysfor internalandoutputtransitions

are all stored in the common delay file used for all models.

This allowsa rapidexplorationof thepossibleoptionsfor thecontrol circuit design,as

changesto the STG can be implementedwith ease.The Petrify asynchronouscircuit

synthesistool has limited practical ability to synthesisefull circuits. Instead,logic

equationsfor thevarioussignalsareproducedandit is necessaryto mapthesemanually

ontotheavailablestandardcells.To go throughthis taskeverytime a changeis madeto

theSTGis very laborious.Instead,functionalmodelscanbegenerateddirectly from the

specification and synthesizedand mappedonto the available technology once the

specificationhasbecomestable(as long as care is takento ensurethat the STG has

consistentstatecoding).The ‘Visual STG lab’ softwarepackagewasusedto enterthe

STGs, giving an intuitive graphical interface to input the data.

4.2.4 Combined model design

Combinedmodelscontaina mixture of asynchronousinterfacesanddatapathlogic and

were designedusing the samePerl script that producedpure control circuits. Signal

transition graphsspecify the operationof the asynchronousinterfaces,and the data

Figure 4.2  A simple sequencer and its STG specification
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processing functions of the model can then be implemented within the framework

produced by the asynchronous interfaces. Delays for internal processing can be

incorporated by adding dummy internal transitions, for which the delays can either be

specified in the delay file or made data-dependent.

The overall experience of using this method to produce asynchronous control circuits and

combined models was very positive. Going directly from specifications to behavioural

models gives a rapid way of developing, testing and modifying complex asynchronous

specifications in situ. The method could be enhanced relatively easily by adding

Figure 4.3  State structure indicating STG token positions

Figure 4.4  Evaluation function body

struct state_struct
{
/* State struct members generated from STG */

/* Places (implicit and named) */
    char ain_pl_to_rin_mi, P0, rin_pl_to_rout_pl, Na_mi_to_rout_mi;
    char rout_mi_to_aout_mi, aout_mi_to_Na_pl, rout_pl_to_aout_pl;
    char rin_mi_to_Na_pl, Na_pl_to_ain_mi, aout_pl_to_Na_mi;
    char rout_mi_to_ain_pl;

/* Output and internal delay time storage */
    FMTIME rout_t, ain_t, Na_t;

/* Output and internal delay wait flags */
    char ain_pl_w, ain_mi_w, rout_pl_w, rout_mi_w, Na_pl_w, Na_mi_w;
};

void sequencer_eval()
{

struct state_struct *state;
int rin_id;
int aout_id;
int ain_id;
int rout_id;
int active = 1;

rin_id = fmGetPortId(“rin”);
aout_id = fmGetPortId(“aout”);
ain_id = fmGetPortId(“ain”);
rout_id = fmGetPortId(“rout”);

while (active) {
active = 0;
/* ... check all transitions */

}
}
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automaticcheckingof thespecifications:currently,if theenvironmentproducesincorrect

transitionson signals,they will simply be ignoredby the model.It would be relatively

easyto addextracodeto themodelsto reporterrors,andcombinedmodelscouldalsouse

thesemethodsto check bundling constraintson input interfaces.Also, there is no

intelligenceusedto determinetheinitial statesof outputsignals:currently,theyarereset

to zeroby default,unlesstheir namesstartwith ‘N’ to indicatean active-lowsignal in

whichcasetheyareresetto one.Tracingof tokenflows aroundtheSTGcouldbeusedto

determine the correct conditions automatically.

Figure 4.5  Evaluation code for input, output and internal transitions

/* Evaluation for transition rin+ on rin */
if (state->P0) {

/* Input */
if (fmGetPortStateById(rin_id) == ONE) {

active = 1;
state->P0 = 0;
state->rin_pl_to_rout_pl = 1;

}
}

/* Evaluation for transition rout+ on rout */
if (state->rin_pl_to_rout_pl) {

/* Output */
fmSetPortStateById(rout_id, ONE);
state->rout_t = fmCurrentTime() + SEQUENCER_ROUT_PL_DEL / 100.0;
fmScheduleEvent(fmevalelement, state->rout_t, 0, 0);
state->rout_pl_w = 1;
state->rin_pl_to_rout_pl = 0;

}
if (state->rout_pl_w && tcmp(fmCurrentTime(),state->rout_t)) {

active = 1;
state->rout_pl_w = 0;
state->rout_pl_to_aout_pl = 1;

}

/* Evaluation for transition Na- on Na */
if (state->aout_pl_to_Na_mi) {

/* Internal */
state->Na_t = fmCurrentTime() + SEQUENCER_NA_MI_DEL / 100.0;
fmScheduleEvent(fmevalelement, state->Na_t, 0, 0);
state->Na_mi_w = 1;
state->aout_pl_to_Na_mi = 0;

}
if (state->Na_mi_w && tcmp(fmCurrentTime(),state->Na_t)) {

active = 1;
state->Na_mi_w = 0;
state->Na_mi_to_rout_mi = 1;

}
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4.2.5 Integration of simulation and design environment

The final part of automatingthe designflow was the Perl ‘glue’ script that enablesC

modelsto be substitutedautomaticallyfor schematiccomponentsin simulationswhere

desired.This was integratedwith the designenvironmentby adding an attribute tag

named‘type’ to instancesof subcircuits.ThePerlscriptanalysesthenetlistfor thedesign,

searchingfor this attributetag.Wheretheattributehasits valuesetto ‘cmodel’, thepart

of thenetlistdefining thatsubcircuitis removed,andreplacedwith a referenceto theC

functionalmodelwith thesamename.Oncethenetlisthasbeenprocessed,thePerlscript

generatesa final C functionthatregistersall of thefunctionalmodelswith thesimulator

on start-up and produces a shell script that invokes the simulator in the correct manner.

4.3 Circuit design

Thedesignwasperformedusinga 0.35µm 3-metalCMOSprocess,althoughthedesign

rulesfor this processareintendedto be transferredeasilyonto othertechnologies.The

majorityof thedesignwasperformedusingthelibrary of standardcellsavailable,which

includesa wide rangeof theMuller C gatesthatareusedin thedesignof asynchronous

control circuits,andotherkey asynchronouscircuit elementssuchasarbiters[139]. An

arbiterallowschoiceto bemadesafelybetweentwo separateasynchronousevents,and

consistsof aflip-flop followedby afilter circuit to preventanoutputbeinggenerateduntil

anymetastabilityin theflip-flop hasbeenresolved.Full-customdesignwasusedfor large

regular structuressuch as the instruction buffer storageelements,the configuration

memories,theregisterfile andthedatapathcomponentsof thefunctionalunits.To reduce

design time, componentsfrom the AMULET3 processorwere reusedwhen it was

possible to do so, albeit often in a modified form.

4.4 Assembler design

To be able to producetest programsquickly and easily, it was necessaryto write an

assemblerfor CADRE. For a conventionalprocessor,this would be a trivial task.

However,thecompressedparallelinstructionssupportedby CADREmakethetaskrather

moredifficult. An exampleof theassemblylanguagedesignedfor CADRE is shownin
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Figure 4.6, which is a very simple vector productprogram.Curly bracesare usedto

indicate parallel instructions.

To simplify thedesignof theassembler,it wassplit into two programs.Thefirst program

processesonly theparallelinstructions,producesconfigurationdatafor theprocessorand

replacesthe parallel instructionswith the appropriate‘exec’ commandsto recall the

storedinstructions(referto AppendixD onpage260for detailsof theparallelinstruction

encoding). The second program is a conventional assembler,which converts the

mnemonicsto thebinaryinstructionsfor theprocessor(referto AppendixB onpage248

for details of the main instruction set).

Thedifficulty in producinganassemblerfor theparallelcomponentsof thecodestems

from thefact that thereis usuallymorethanoneway of encodingeachpartof a parallel

instruction.An exampleof this is thefirst summationof runningtotalsin Figure4.6: the

summationof thetotalsin MAC A andMAC B cantakeplaceeitherusingLIFU1 or the

GIFU. Similarly, thesummationof the totalsin MAC C andMAC D cantakeplaceon

LIFU2 or the GIFU: however,if the first instructionis encodedto usethe GIFU, the

Figure 4.6  An example of assembly language for CADRE

org 0

ipdata equ 0x0000
count equ 512

; Set up address register
; to point to input data
move #ipdata,r0
move #2,nr0
move #-1,mr0

; Load the first data and clear
; the destination accumulators
{

move #L0,maca:a
move #L0,macb:a
move #L0,macc:a
move #L0,macd:a

loadl x:(r0),x:0
loadl y:(r0)+nr0,y:0

}

; Set up a DO loop to process the data
do #count

; Main processing function
; calculates the squared magnitude
{

mac x:0,x:0,maca:a,maca:a
mac x:1,x:1,macb:a,macb:a
mac y:0,y:0,maca:a,maca:a
mac y:1,y:1,macb:a,macb:a

loadl nlast x:(r0),x:0
loadl nlast y:(r0)+nr0,y:0

}
enddo

; Add the running totals together
{

; Could use GIFU or LIFU
add maca:a,macb:a,maca:a
add macc:a,macd:a,macc:a

}
{

; Can only use GIFU
add maca:a,macc:a,maca:a

}
halt #3
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secondis constrainedto useLIFU2. Also,asmanyparallelinstructionsaspossibleshould

be mapped to a given configuration memory location by the assembler.

To dealwith this problem,a list of the possibleencodingsis generatedat eachstage.

When a parallel instruction is entered,the list is empty. The first instruction in the

summationexamplecausestwo different alternativesto be generatedandplacedin the

list. Onreachingthesecondinstruction,thepossibleencodingsfor thisaregeneratedin a

separatelist. Eachof thesepossibleencodingsis comparedwith all of theencodingsin

the main list, and all of the compatiblecombinationsare storedand becomethe new

running list. Once the end of a group of parallel instructions is reached,unused

componentsof theparallelinstructionsaredisabledin eachof thestoredencodings,and

theappropriate‘exec’ instructionfor eachencodingis generated.Figure4.7showshow

the possibleencodingsfor the choice of summationpath in the examplewould be

generated.

At theendof theinput file, eachparallelinstructionin thecodewill berepresentedby a

list of possibleencodings.Thefinal taskis to gothroughthelist of encodingsto seewhich

of them can be merged onto a single opcode or operand configuration memory location.

The first stageof processingattemptsto reducethe numberof possibleoptions by

discarding the least power efficient encodings.In the example of Figure 4.7, the

encodingsthatusetheGIFU drive a greaterloadthantheencodingthatusesLIFU1 and

LIFU2, so only the third encoding will be kept.

Figure 4.7  Different encodings for a parallel instruction

{
; Could use GIFU or LIFU
add maca:a,macb:a,maca:a
add macc:a,macd:a,macc:a

}

{ Empty list }

{ GIFU, LIFU1 }

{ GIFU, LIFU2 }

{ GIFU / LIFU2, LIFU1 / GIFU, LIFU1 / LIFU2}
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Next, it is necessary to perform a search on the list of possible encodings of all of the

instructions, to determine the minimum number of configuration memory locations that

they can be stored in. An exhaustive search has exponentially increasing complexity, and

was found to be impractical for all but trivial programs. Instead, the search is terminated

for each instruction as soon as another instruction was found with which it can be

combined. So far, no program has been found for which the quick search results are

different to those gained by an exhaustive search (although some programs could not be

assembled using the exhaustive search due to the required run time).

The assembler automates the encoding and compression of the parallel instructions.

However, it is necessary for the designer to be aware of the compression process for it to

be fully effective and to make consistent choices of, for example, index registers or

functional units in the parallel instructions. It would be desirable to have a tool to assist

in the programming that would allow abstraction in these choices. The programmer would

then use a form of high-level language or a graphical representation, independent of many

of the physical choices that restrict the compression of the instructions. Once the entire

design has been entered, the tool could then make the appropriate decisions about how the

algorithm would be mapped so as to minimize the configuration memory footprint.
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Chapter 5: Instruction fetch and the
instruction buffer

5.1 Instruction fetch unit

The instruction fetch unit is responsible for reading instructions from program memory,

passing them to the instruction buffer and updating the program counter. It begins to

operate autonomously as soon as reset is released. The only factor complicating the

operation of the instruction fetch unit is the need to handle branch instructions. When a

branch is executed in the decode stage of the pipeline, the fetch unit must stop fetching

instructions from the current stream and change the program counter to the new value.

FUNCTIONAL
UNIT

O
P

E
R

A
N

D
 M

E
M

.

O
P

C
O

D
E

 M
E

M
.

FUNCTIONAL
UNIT

O
P

E
R

A
N

D
 M

E
M

.

O
P

C
O

D
E

 M
E

M
.

FUNCTIONAL
UNIT

O
P

E
R

A
N

D
 M

E
M

.

O
P

C
O

D
E

 M
E

M
.

FUNCTIONAL
UNIT

O
P

E
R

A
N

D
 M

E
M

.

O
P

C
O

D
E

 M
E

M
.

LOAD /
STORE
UNIT

X mem

Y mem

DATA REGISTER BANK
2 x 128 x 16-bit

FETCH
INSTR.

DECODEBUFFER

P mem

Operand sel.

Opcode sel.

Index reg. values

GIFU

LIFU LIFU

INDEX
REGISTERS
(i0-i3, j0-j3)

addr. regs.
a0-3



5.1 Instruction fetch unit

Chapter 5:  Instruction fetch and the instruction buffer 119

Sincetheoperationof thedecodestageis asynchronouswith respectto theoperationof

the fetch stage, arbitration is necessary to decide when to stop fetching new instructions.

By the time the decisionhasbeenmadeto takea branch,it is likely that a numberof

instructionswill havebeenfetchedfrom thebranchshadow.It is necessaryto flush these

instructions,and this is doneby meansof an instructioncolouring mechanism.Each

instructionfetchedfrom memoryhasanadditional‘colour’ bit attachedto it, indicating

from which control streamthe instruction originates.The decodestageanalysesthe

colourbit of incominginstructions,anddiscardsthosewhosecolourdoesnot matchthe

currentoperatingcolour.Sinceno furtherbranchinstructionscanbeoriginateduntil the

flush is complete, a single bit suffices.

As well astheinstructionandits associatedcolour,thePCvaluemustalsobepassedto

the decodestageto allow PC-relativebranchesand to provide the return addressfor

branchesor jumps to subroutines.To simplify provision of the return addressfrom

subroutines, the PC value of thenext instruction is sent.

5.1.1 Controller operation

Beforeeachinstructionis fetched,it is possiblefor thefetchoperationto be interrupted

by a branchrequest.Sincethearrival of branchrequestsis asynchronouswith respectto

thefetchunit controller,arbitrationis necessaryto decidewhetheror notto goaheadwith

a fetchcycle.Themechanismby whicharbitrationtakesplaceis shownin Figure5.1.At

thebeginningof eachcycle,thefetchunit controllerattemptsto beginacycleby asserting

fetch_req. This passesto the mutualexclusionelement(mutex),which is basedon an

asynchronousarbiter.As long as bra_req hasnot arrived before fetch_req goeshigh,

controlis gainedof themutexandthefetchoperationcanproceed.At theendof thefetch

operation,themutexis releasedandbra_grant goeshighto indicatethatabranchrequest

is pending.Should bra_req and fetch_req arrive simultaneously,the mutex element

makes a decision regarding which one will be serviced.

At the beginningof a fetch cycle,a fetch requestis issuedto programmemorysystem

alongwith thePCvalue.At thesametime,arequestis issuedto thePCincrementerblock

alongwith thecurrentPCvalue.OnceboththeprogrammemoryandthePCincrementer
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have completed their functions, the instruction word and incremented PC are captured and

passed to the instruction buffer along with the current operating colour. A normally-

closed latch at the output of the fetch unit prevents intermediate values from driving the

moderately large load of the instruction buffer. Finally, the stored PC value is updated

with the incremented PC value.

If a branch request is currently pending, the fetch cycle is locked out by the mutex as soon

as a fetch cycle ends. Instead, the PC value is updated from the branch target address

supplied by the decode stage, the instruction colour is toggled and an acknowledge is

issued to the decode stage. Once the branch request is removed, the fetch unit may

proceed to fetch instructions from the new address.

5.1.2 PC incrementer design

It is accepted that a ripple-carry adder is among the simplest, smallest and least power-

hungry adder designs [106]. However, it is also one of the slowest in the worst case, due

to the need to propagate the carry signal across the entire chain of full adders. For a

synchronous system, it is necessary to either slow the entire system to meet the worst case

speed of the ripple-carry adder or to use a faster but more complex and power-hungry

adder design that resolves the carry more rapidly. In an asynchronous system it is possible

to tolerate variations in completion time, and one can design the adder circuit to indicate

completion to take advantage of the average case statistics of the data being processed.

Figure 5.1  Fetch / branch arbitration
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For the caseof an incrementer,the averagecasestatisticsare extremelyfavourable.

Considera random 24-bit input value: for there to be exactly one stageof carry

propagation,theleastsignificanttwo bits mustbe‘01’. Thereare 24-bit valueswith

these two bits at the bottom, and so the probability of this chain length is

. For exactlytwo stagesof carry,theleastsignificantthreebits mustbe

‘011’. There are such 24-bit values,so the probability of this chain length is

.

The mean propagation length is given by

(14)

Substituting in the probabilities for each carry chain length gives

(15)

(16)

(17)

(18)

It can be seen that for a general bit number, the mean propagation length will be

(19)

Sincetheaveragecarrypropagationlengthwill beapproximatelyjust oneposition,it is

clear that datadependentoperationhasvery favourablepropertiesfor an incrementer.

Fully data-dependentasynchronousripple carryaddershavebeendesigned,suchasthat

assessedin [106], wherethecarry is evaluatedusingdual-raildynamiclogic. However,

dynamiccircuitsarenot ideal from a powerviewpointdueto theprechargetransitions.

Also, a dynamicdesigncannotbemadeeasilyusingstandardcell logic, andcompletion

detection requires a broad fan-in tree which adds delay.

A compromisethat gives reduceddatadependencebut simpler circuits is speculative

completionas proposedin [111]. Speculativecompletionusesa numberof different
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delays to model the circuit. If pathological data cases are detected, the outputs of the

shorter delays are disabled and an appropriately longer delay is used. For the case of an

incrementer, the circuits required to detect the pathological cases are trivially simple.

The PC incrementer circuit is shown in Figure 5.2. The PC is analysed in 6 groups of 4

bits, looking for chains of ones using 4-input NAND gates. The chain of delays is tapped

at positions appropriate for the length of each carry propagate chain, with each tap

disabled by an active low kill signal. The first delay is sufficient for the kill signals to

stabilise, and is smaller than the others as it can also incorporate the delay through the OR

tree from each of the taps to inc_done. The delays are asymmetric, with falling edges to

experiencing much less delay, which ensures that the delay chain is reset between cycles.

The delays were matched to that of the ripple carry incrementer by simulating the worst-

case delay in each group, using the Timemill tool. Table 5.1 gives the total delays for each

length of carry chain. Split into groups in this way, the expression for the average delay

becomes

(20)

which gives an average delay ns. The average case delay is only marginally

larger than the shortest possible delay, and even the maximum delay is only a small part

of the 25ns available for the fetch stage.

Delay group Delay
(inc_go+ to inc_done+)

d3 1.0ns

d7 2.2ns

d11 3.3ns

d15 4.5ns

d19 5.6ns

d23 7.0ns

Table 5.1: PC Incrementer delays
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5.2 Instruction buffer design

MostDSParchitecturesprovidesupportfor zero-overheadloops,whereaDSPalgorithm

is executeda fixed number of times. In the instruction set for CADRE, theseare

performedby the ‘DO’ instruction. This instructs the DSP to executethe next m

instructionsn times,wherem is anumberfrom 1 to 32,andn is between1 and65536.DO

loops can be exited prematurelyby meansof the conditional ‘BREAK’ instruction,

wherebythecurrentloop is exitedat theendof thepass.Up to 16DO instructionscanbe

nested, by using an internal stack for the loop status.

The instructionbuffer residesbetweenthe fetchunit andthedecodestage,asshownin

Figure 5.3. Under normal conditions,the instructionbuffer simply actsas a 32-entry

asynchronousFIFObetweenthefetchanddecodestages.At theoutputof theinstruction

buffer, instructionsarepassedalongwith their associatedcolour andPC valuesto the

decodeunit, where the appropriateactions are then performed dependingon the

Figure 5.2  Data-dependent PC Incrementer circuit
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instruction (or the instruction is discarded, if the colour does not match the current

operating colour). In most cases, this forward handshake between the instruction buffer

and the decode stage is all that is required, and the first three stages of the pipeline operate

in a strictly linear fashion. However, there are three exceptions to this: DO loop setup,

BREAK instructions and branches.

For these instructions, it is necessary for the decode unit to communicate back up the

pipeline to the instruction buffer, with a reverse handshake on a separate request/

Figure 5.3  Adjacent pipeline stages and interfaces to the instruction buffer

Figure 5.4  Signal timings for decode unit to instruction buffer communication
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acknowledge pair. DO loops are set up by means of the req_do/ack_do signals and the

bundled signals do_len (the number of instructions to be repeated) and do_lc (the number

of repeats to be performed) The BREAK instruction causes the current loop to be exited

at the end of the current pass, and this is done through req_brk/ack_brk. For the case of

jumps and branches, it is necessary to exit any loops that are currently in progress, so that

the new instruction stream can reach the instruction decode stage. This is done by means

of the req_flush and ack_flush signals.

The basic sequence for each of these reverse handshakes is the same, and is shown in

Figure 5.4. At some point after having latched a DO, BREAK or BRANCH instruction

and having issued the acknowledge (aout), the decode unit sends the appropriate reverse

request signal (req_X) back to the instruction buffer. The output stage of the instruction

buffer will be asynchronously attempting to issue the next forward request (rout) during

this time. However, this cannot be accepted by the decode unit as it is still occupied by

the instruction that set up the reverse request. On receiving the reverse request signal, the

instruction buffer performs the appropriate operation. It should be noted that the operation

can cause the output of the instruction buffer to change. However, this deviation from the

normal data bundling is acceptable as it is under the control of the reverse handshake, and

the data is made stable before the reverse acknowledge issues from the instruction buffer

back to the decode unit. The decode unit can then complete the instruction cycle, after

which it can accept the forward request from the instruction buffer.

5.2.1 Word-slice FIFO structure

A micropipeline FIFO has the structure shown in Figure 5.5. When a data item arrives at

the input, it propagates along the pipeline with each latch closing briefly to store the data

until the next stage has acknowledged receipt. This design can have very good throughput,

as the cycle time can notionally be reduced to that of a single stage. However, the input

to output latency for an empty pipeline is poor as the data needs to pass through every

latch. Power efficiency is also poor, as each latch and the associated controller performs

an entire cycle when the data passes through it.

Many possible alternatives to the linear FIFO structure are possible, which can trade off

complexity in the FIFO design against the length of path through which data must travel
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[140]. However, in order to implement the required looping behaviour easily the word-

slice structure [141] was chosen. This is a ring-buffer like design, but has distributed

rather than central control thus avoiding some of the problems of scalability associated

with traditional ring buffer designs [88]. The basic structure is shown in Figure 5.6. The

key difference between the word-slice design and the micropipeline design is that the

word-slice FIFO has its latch rows in parallel rather than in series, with the outputs

multiplexed by means of tri-state buffers. Each row of latches has an associated control

element, which controls the write and output enables of the latches and records the current

Figure 5.5  Micropipeline FIFO structure

Figure 5.6  Word-slice FIFO structure
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state(full or empty)of the latch.The readandwrite positionis controlledby meansof

tokenspassedaroundtheloop betweentheselatchcontrollers.Outputreadsareenabled

by anORof thefull indicationsfrom all of thelatchrows(i.e.areadcanbeperformedas

longasthereis datato read)andinputwritesaredisabledby ANDing thefull indications

together.Stability of theAND andOR outputsis ensuredby theuseof matcheddelays

within thewrite andreadprocesses.Theparallelnatureof thestructuremeansthatthere

is only one latch delay betweeninput and output when the FIFO is empty, lowering

latency,and the power dissipationassociatedwith the datapassingthroughall of the

latches is also eliminated [141].

5.2.2 Looping FIFO design

Theoperationof astandardword-sliceFIFOcanmosteasilybeviewedin termsof tokens

passingarounda ring (Figure5.7i). Eachpositionin thering buffer hasa row of latches

whicharemanagedby alatchcontrolunit.Thesecontrolunitshavewrite andreadrequest

inputsandanoutputto indicatewhetherthestageis full or empty.Two separateoverall

controlunitscommunicatewith all of theindividual FIFO stages,to interfacewith input

requests and to generate output requests.

Whenaninput handshakeoccurs,the input handshakecontrollercausesaneventon the

write input to all of theFIFOcontrollers.Thiscausesthestageholdingthewrite tokento

performalatchwrite, the‘full’ statefor thatstageto beset,andthewrite pointerto move

one position forward. Write events are blocked when all of the elements hold full states.

Thestagethatholdsthereadtokenmakesthelatches’tri-stateoutputsactive.Whenany

stageindicatesthat it is full, the output handshakecontroller producesread requests

which, whenacknowledged,causethe ‘full’ stateto be resetandthe readpointerto be

moved on.

Whenperforminga loop, it is necessaryto preventtheFIFO stagesfrom beingemptied

whenthey areread,so that they canbe readrepetitively.However,it is necessaryfor

stagesthathavebeenreadfrom to appear emptyto theoutputcontrollerto stopfurther

outputrequestsbeinggeneratedif no newdatahasarrived(anerrorthatcouldcausethe

readtokento overtakethewrite token).To avoidthis requiresaseparate‘full’ indication
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to theinputcontrollerand‘readrequest’signalto theoutputcontroller.Whenperforming

aloop,readrequestsfrom eachstageareclearedwhenthestageis read,withoutaffecting

thefull indication.This is shownin Figure5.7a,depictinga full stagewith disabledread

requestby an unshadeddot in the ‘full’ boxes.When a passthrough the loop has

completed,a restartsignalis issuedwhich causeseachof theFIFO stagesto appearfull

againfor thenext loop. This operationis shownin Figure5.7bandc. Whennot in loop

mode,or whenon the final passthroughthe loop, the outputrequestbehavesnormally

and the stages are cleared entirely when read.

Write and read token passing

A simplified view of thecircuit makingup theloopingFIFO elementis shownin Figure

5.8: a fuller descriptionof the circuits usedto implementthe instructionbuffer canbe

foundin [137].Thewrite tokenflip-flops in all of theFIFOstagesareconnectedtogether

Figure 5.7 .Standard (i) and looping (ii) word-slice FIFO operation
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to form a circular shift register, with the whole clocked by the write request signal from

the input controller. The write token enters from the previous stage, and is accepted when

the write request signal is driven high and then low (indicating a write in the previous

stage). Once the element holds the write pointer, a further write request causes a write to

occur in this stage: the latch write enable goes high, which opens the latches in the

datapath. When the write request signal is removed, the latches close and capture the new

data and the write token passes to the next stage. The write enable signal also indicates to

the handshake controller that the stage should become full, which is indicated on the full

signal to the input controller and the rd_req signal to the output controller.

The flip-flops holding the read token also form a shift register, clocked by the read

acknowledge signal from the output controller. However, to incorporate looping

behaviour it is necessary for the token to be passed out of the normal flow to indicate the

end of a loop, and for the token to be received again at the start of a loop.

In normal (non-looping) operation, the read token from the previous stage is multiplexed

to the flip-flop input and causes the tristate output of the latch row to be enabled: the

enabled latch row corresponds to the previous FIFO stage. When the read acknowledge

signal goes high and then low (corresponding to the previous stage being read), the read

Figure 5.8  Looping FIFO element
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tokenis capturedby the flip-flop, andpassesout to the next stageto enablethe tristate

latch outputs.A subsequenthigh on the readacknowledgesignalcausesthe handshake

controller to clear the full and rd_req output, emptying the stage,and when the

acknowledge signal goes low again the token is cleared from the flip-flop.

In loopmode,theloopy signalis sethighandtheFIFOstagesat thebeginningandendof

the loop havetheir respectiveloop start and loop end signalssethigh. Whenthe token

reachesthe stageat the end of the loop, the restart out signal is issuedto the overall

controller.The overall controllerupdatesthe loop countandsetsthe restart in signal,

whichcausesthereadtokento re-entertheFIFOstageat thebeginningof theloop.When

thereadacknowledgesignalgoeshigh in loopmode,only therd_req signalis drivenlow

by thehandshakecontroller.Therd_req signalis restoredfor thenextiterationof theloop

by signals from the overall controller, which are not shown in the simplified figure.

5.2.3 Overall system design

In additionto theFIFO elementsalreadydescribed,the instructionbuffer asa whole is

madeup of 3 othermainparts:the input requestinterfacethatprovidesa 4-phaseinput

interface,theoutputrequestinterfacethatprovidesa 4-phaseinterfaceto theFIFO read

signal,andtheoverall controlunit. A block diagramof the top level structure,with the

interface signals between each stage, is shown in Figure 5.9.

At theinput requestinterface,write requestsarriveonRin whereuponthenwr_req signal

is assertedto performawrite operationandtheAin signalis asserted.An internalmatched

delay is usedto allow the write token to move and the full signal from the FIFO to

stabilise,afterwhich theinputcycleeithercompletesby returningAin low or is stalledif

the FIFO is full.

Thecontrolunit is the‘brain’ of theinstructionbuffer,andinterfacestheFIFO elements

to theoutput,managesloops,anddealswith reversehandshakesfrom thedecodestageto

setup loopsor performbreaksandflushes.By handlingboth the forward andreverse

handshakesat theoutput,it is possibleto ensurethatthedataremainsvalid. Thecontrol

unit is logically divided into thecontrol core,madeup of speed-independentlogic, and

thecontroldatapathwhich is responsiblefor storingandupdatingthecurrentloopstatus.
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The main task of the control unit is to respond to read requests from FIFO elements, by

initiating a handshake on rout/aout. When the decode stage acknowledges receipt of the

data, the output request interface is signalled through nrd_next to move the read token to

the next position. The timing for the move of the read token and the stabilisation of the

signals from the FIFO is also managed by a matched delay, after which nptr_moved is

asserted.

If the FIFO elements indicate that a loop end has been reached, the control unit updates

the loop counter and restarts the loop. On the final pass through the loop, the next

outermost loop (if any) is restored. Once the new token position is known to be correct, a

final matched delay is used to mirror the delay from valid tristate FIFO output enables to

valid data at the output.

5.2.4 PC latch scheme

It was mentioned previously that PC relative branch instructions require the associated

value of the PC to be passed through the FIFO. This is unfortunate, as branches are

Figure 5.9  Looping FIFO datapath diagram
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comparatively rare instructions in this architecture and the requirement to store the PC

initially seems to require an additional 24x32=768 latches which is a great waste of power

and area. Fortunately, the sequential nature of the PC values means that this overhead can

be greatly reduced. The instruction buffer contains a maximum of 32 sequential PC

values, which means that, unless a carry out is generated from bit 4 of the PC, the upper

19 bits of the PC remain constant. A carry out will be reflected by a change in bit 5.

This behaviour is altered slightly when branches are considered: in this case, the PC can

change to a random value. However, when a branch is taken the instruction colour tag is

changed so that the decode stage can discard prefetched instructions in the branch shadow

before any other instructions can occur. It is therefore possible to store only the lower 6

bits of the PC in the FIFO, and to use 4 sets of latches to store the upper 18 bits. One of

the 4 latches is enabled for writes, based on the value of bit 5 of the input PC and the

current input colour. Similarly, only one of the 4 latches is enabled for output by bit 5 of

the output PC and the output colour. This saves a total of 504 latch elements.

5.2.5 Control datapath design

The control datapath, as shown diagrammatically in Figure 5.10, is internal to the control

unit and maintains the current loop status. It is driven by the control core which handles

all of the complex interactions between the signals from the FIFO datapath and the reverse

requests from the decode stage. The control datapath consists of a row of latches that

holds the current state (loop start and end position, first, last, and loopy status, and the

current loop counter). When a DO loop is set up, the current position of the read pointer

from the FIFO datapath (encoded into 5-bit binary) is added to the requested number of

instructions to make up the loop. The current read pointer and the result of the calculation

are used to set up the new loop start and end positions. Before the new loop status is

loaded, the old status (if any) is pushed onto the 16-entry stack. When the loop is exited,

the stacked data is reloaded and the stack is popped, thereby allowing nested loops.

On each iteration of the loop, the control core requests that the loop counter unit

decrement the value of the loop counter (although the loop counter is actually stored in

inverted form and incremented). In parallel with this, the result is checked to see whether

it will be zero, which indicates the last iteration of the loop. The loop counter uses a simple
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data-dependent ripple-carry incrementer with a very similar design to that of the PC

incrementer.

5.2.6 Evaluation of design

All testing of the instruction buffer was performed on netlists extracted from schematics,

as the DSP construction has not yet moved into the layout phase. The initial verification

of the design, during and after the design of the circuits, was done with the instruction

buffer in situ, as part of the main DSP pipeline executing test programs under the

TimeMill simulator. A selection of loops, nested loops, BREAKs and flushes were

performed successfully. In addition, the loop counter unit was tested with a separate C

simulation model, to set up and measure the delays for each level of carry propagation

both within the loop increment circuit itself and for the incrementer cycle time including

the time to latch the new value.

Once the functionality had been verified, a new testbed was designed in which the

instruction buffer could be tested in isolation. This consisted of a C simulation model that

feeds random instructions, using sequential PC values with random branches, to the input

Figure 5.10  Top-level diagram of control datapath
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of the buffer at a selectable rate. The output from the buffer is then captured and compared

with the value that should be present, and the latency from the input to the output of the

buffer is measured.

As a baseline with which to compare the instruction buffer, a 32-element 4-phase

micropipeline FIFO [90] was also designed (the 4-phase asynchronous interface making

it easily interchangeable with the instruction buffer). The same tests were performed with

the micropipeline design.

Two sets of tests were performed, using the PowerMill simulator to compare power and

performance figures. The first set of tests fed 500 random values through each buffer at

the maximum rate at which it would accept them. The second set of tests fed the same 500

values through each buffer at intervals of 20ns, which was significantly slower than the

cycle time for both circuits. This models the case of the memory being slower than the

stage into which the FIFO is feeding, and measures the latency from input to output. In

both cases, current consumption was measured for each design.

5.2.7 Results

Loop counter performance

The delay figures for the loop count incrementer are shown in Table 5.2. The delays are

shown for the four different possible groups of carry chain length.The results that have

been obtained give a mean delay of , which is close to the minimum delay as

expected.

Max. number of
carry stages

Inc. delay
(input to output

request) / ns

Loop counter
cycle time / ns

3 0.66 2.25

7 1.41 3.13

11 2.48 4.33

15 3.12 5.04

Table 5.2: Incrementer delays

d 2.31ns=
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The comparison between the instruction buffer and the micropipeline FIFO shows the

instruction buffer to have a throughput that is less than that for the micropipeline design

by a factor of three (although the micropipeline design does not have the additional

circuitry required to perform looping). However, the micropipeline FIFO exhibits a

latency that is a factor of ten greater than the instruction buffer. The cycle time results are

acceptable, being much less than the 25ns cycle time dictated by the DSP application,

even when added to the worst-case loop counter increment time. The low latency will

ensure that instructions pass from memory to the decode unit as quickly as possible.

Naturally, these figures will be degraded somewhat when interconnect delays and

capacitances are taken into account but should still easily meet the specification

requirements.

It was observed during testing that the bulk of the cycle time was required for the tri-state

outputs of the latches to drive the broad output array. In a design that requires greater

throughput it would be possible to split the outputs into two or more sections, with a

controller for each section that moves a read pointer at a rate reduced by factors of two for

each subdivision. This would allow the design to be scaled to an arbitrary degree, with the

number of gate delays from input to output increasing only by the logarithm of the number

of stages.

Compared to the micropipeline FIFO, the word-slice instruction buffer exhibited reduced

energy per data value transferred in both the test cases, giving an energy per input of 48-

62% of the energy for the micropipeline design. The fact that the instruction buffer

Cycle time Throughput Latency

Instruction buffer 6.0ns 167MHz 2.7ns

Micropipeline 2.0ns 488MHz 26ns

Table 5.3: Maximum throughput and minimum latency

Average energy per input cycle

Rate Maximum 50MHz

Instruction buffer 0.32nJ 0.48nJ

Micropipeline 0.67nJ 0.77nJ

Table 5.4: Energy consumption per cycle
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outperforms the much simpler micropipeline FIFO is evidence that this was a good choice

of circuit structure for low power. It also illustrates one of the key benefits of

asynchronous design: while the instruction buffer has much more circuitry than the

micropipeline FIFO, much of the circuitry in the instruction buffer is inactive during

normal operation, and being idle consumes virtually no extra power. The arguments for

splitting the tristate outputs into sections could also be applied to power consumption, by

reducing the switched capacitance at the output. However, this would probably only be of

benefit for larger sizes of buffer. Later results with back-annotated capacitances from the

final layout should better answer this question.

Two improvements to the design of the instruction buffer suggest themselves. Currently

the sequential way in which a loop is reset at the end of an iteration causes a delay that

increases with the length of the loop. Instead of the current method for loop reset, it would

be possible to use a latch to store the nesting level of the loop in each FIFO stage when it

is read in loop mode. This would allow those FIFO stages who have the correct value

stored to be reset in parallel at the end of an iteration, while other stages from outer loops

are untouched.

The second improvement that suggests itself is somewhat more technically challenging;

to reduce the time taken to flush wrong-coloured instructions following a branch.

Presently, up to 32 instructions may have to be read and discarded by the decode stage

after a branch instruction has executed. As the decode stage asserts control over both the

input and output of the instruction buffer during a branch, it may be possible to implement

a way of quickly purging unwanted instructions as an extension to the flush mechanism.
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Chapter 6: Instruction decode and
index register substitution

6.1 Instruction decoding

A summary of the instruction set for CADRE is presented in Appendix B. The instruction

set was designed with two aims in mind. The first aim was that the most common

instructions should have the simplest encoding, leading to faster decode times and

reduced power consumption. The simplest encoding is for parallel instructions, which are

indicated by a zero in the most significant bit. All other instructions (for processor control

and setup) have a one in the most significant position, and have progressively more

complex encodings of the subsequent bits. The second requirement was that instructions
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must be allocated according to the number of bits that they require. This works well, as

the instructions that require the greatest number of bits (move-multiple to index registers

and address register setup) are also two of the more common setup instructions.

The structure of the decode stage reflects the hierarchical design of the instruction set,

with a succession of decoding levels as shown in Figure 6.1. The first stage of the

decoding tree also performs the function of latch controller for the input of the decode

pipeline stage. A request is then routed through the decoding hierarchy until a matching

instruction is found, whereupon a request is issued to perform the appropriate task. When

the task is completed, the resulting acknowledge signal is passed back up the tree to

indicate completion.

6.1.1 First level decoding

The first level decoding stage is responsible for the following tasks:

Figure 6.1  Structure of the instruction decode stage
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• Controlling the input pipeline latches.

• Maintaining operating colour, and checking incoming instruction colour.

• Commencing parallel operation execution.

• Executing move-multiple-immediates to index registers.

• Beginning level 2 of decoding.

• Passing on configuration data.

• Changing operating colour on changes of control flow.

• Arbitrating between instructions and non-maskable interrupt requests.

The first decisionthat must be made,beforedecodingthe instruction,is whetherthe

incoming instruction matchesthe current operatingcolour, which is stored in this

decoding stage. If the colours do not match, then an acknowledge is issued immediately.

Only if thecoloursmatcharethepipelinelatchesopenedand,in parallelwith this,bits31

and29:28arecheckedto determinewhethera parallelinstructionor a move-multipleis

to beexecuted.If neitherof thesecasesapply,thenarequestis passedontothenextstage

of thedecodinghierarchy.While theforwardrequestis beingissued,thepipelinelatches

areclosedto capturethedataandanacknowledgeis passedbackto theinstructionbuffer

to complete the input handshake.

Oneexceptionto thenormaldecodingprocessoccurswhentheprocessoris writing data

to the configuration memories.The configuration processbegins with an initiation

instruction,specifyingwhattypeof configurationis tobeperformedandhowmanywords

of configurationdataareto follow. Theinitiation instructionis decodedin a laterstageof

thedecodinghierarchyand,beforetheacknowledgeis issued,theconfig_mode signalis

asserted.Subsequentinstructionsarepasseddirectly to theconfigurationmodule,which

releasesconfig_mode once the configuration process is completed.

Parallel instructions

Two separatetasksareperformedwhena parallel instructionis to beexecuted.Firstly,

readsto thefour operandconfigurationmemories,theload/ storeconfigurationmemory

andtheindexupdateconfigurationmemoryarerequested.Bits 13 to 7 of theinstruction
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wordspecifiestheoperandselection,andthis is drivenontotheoperandbusandarequest

is sentto all of theoperandconfigurationmemoriesto initiatetheirreadprocess.Oncethe

data has been read and latched, each memory responds with an acknowledge.

While theconfigurationmemoriesarebeingread,theconditionfield of theinstructionis

examinedto determinewhetheraloopconditionis requested.Theloopconditionsrequest

thateitherexecution,writebackor load/ storeis madeconditionalon eitherbeing(not)

thefirst instructionin aDO loopor (not)thelastinstructionin aDO loop.Theappropriate

conditionis evaluated,andtheinstructionpassedonto thenextpipelinestageis modified

appropriately.

If theexecutionis to bemadeconditional,theconditionfield is modifiedto codefor either

AL (always)or NV (never)dependingon theresultof thetest:thiswill only affectthose

instructionsfor whomthe‘conditionalexecution’bit (bits30:27of theinstruction)areset.

If writebacksareto bemadeconditional,thentheglobalwritebackenablebit (bit 16 of

the instruction)is setto indicatetheresultof thetest.Similarly, if load/ storeoperation

is to bemadeconditional,theglobalload/ storeenablebit (bit 14of theinstruction)is set.

Those bits that are not being driven by a loop condition are passed unaltered.

Onceall of theconfigurationmemorieshavebeenreadandanyconditionalmodifications

havebeenperformed,theinstructionispassedonto thenextpipelinestage.Thenextstage

captures the instruction and responds with an acknowledge.

Move-multiple-immediate instructions

Move-multiple-immediateinstructionsallow 4 indexregistersor their associatedupdate

registersor modifier registersto beloadedwith immediatedatafrom asingleinstruction.

This allows theprocessto besetup very quickly prior to or during theexecutionof an

algorithm. The 4 7-bit registervaluesare storedas immediatedata in the 28 least

significant bits of the instruction.Bit 30 indicateswhetherthe i or j group of index

registersis the target,bit 29 selectsthe updateregistersandbit 28 selectsthe modifier

registers.
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A move-multiple request is issued to the index registers, in the next stage of the pipeline,

while the instruction word is passed unchanged. The move-multiple operation is not

pipelined, to minimize latency, but the request is stalled if the next pipeline stage is not

free. When the index registers have all captured the immediate data, they respond with an

acknowledge signal.

Other instructions

Bits 28 and 29 of the move-multiple instruction are mutually exclusive: the target cannot

be both the update and modifier registers. The encoding of bit 31=1, bits 29:28=11 is used

to indicate all other possible control and setup instructions. If this pattern is detected, a

request is issued to the next stage of the decoding hierarchy.

Changes of control flow

The first decode stage maintains control of the operating colour. All instructions which

change the flow of control must, therefore, request changes of operating colour from the

first decode stage. There are three cases when this can occur: conventional jump / branch

instructions, cooperative branch interrupts following HALT, and the non-maskable

interrupt.

Conventional jump or branch instructions are decoded by later levels of the hierarchy.

When a branch is taken, a request is made for the colour to be changed. Only when the

colour has been changed does the branch instruction issue an acknowledge back through

the decoding hierarchy, ensuring that the operating colour is stable before the next

instruction is read.

Similar to a branch instruction, execution of a HALT instruction causes the decode

process to be suspended. When a cooperative branch interrupt is accepted following the

halt, a colour change is requested; and only after this has been acknowledged does the halt

instruction complete and execution continue.
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The non-maskable interrupt adds somewhat more complexity, since this can arrive at any

time. NMI requests are managed by means of a mutual exclusion element within the first

decoding stage. Before each instruction is accepted from the instruction buffer, the decode

stage attempts to gain control of the mutex. Should it succeed, operation proceeds as

normal. However, if a NMI request has arrived from the interrupt controller, then this

gains control of the mutex. The decode stage responds to this event by issuing an

acknowledge to the interrupt controller, which is then allowed to request a change in

operating colour. Only when the operating colour has been changed is the NMI request

removed, freeing up the mutex and allowing execution to proceed.

Two special cases exist surrounding the operation of non-maskable interrupts. If the

processor is currently in the middle of a configuration instruction, it is necessary to abort

it. This is dealt with by a separate handshake process which occurs when the NMI request

is accepted. The second problem occurs if a branch instruction has just been issued,

causing a colour change, and the prefetched instructions from the branch shadow are

being discarded. If an NMI occurs during this time, then the operating colour will change

back, and the instructions in the branch shadow can be executed erroneously. To avoid

this, NMIs are disabled until a colour match occurs with the instruction stream coming

from the instruction buffer.

6.1.2 Second level decoding

The group of units responsible for the second and subsequent levels of decoding are

shown in Figure 6.2. At the second level of decoding, the two instructions which require

the longest immediate value are decoded. These instructions are move to address registers

(or their associated update and modifier registers), and addition of an immediate value to

the address registers. The immediate component of both these instructions spans the lower

24 bits. The immediate move instruction is indicated by 0 in bit 30 of the instruction. The

immediate add operation is indicated by a 1 in bit 30, and 10 in bits 27:26. In both cases,

the appropriate request and the immediate data is passed to the load / store unit, in the next

logical pipeline stage. The requests are blocked until the pipeline stage is clear, to prevent

any risk of hazards when accessing the address registers, after which the operations are

performed without pipelining. Other instructions are classified into one of three groups,

which are processed further by the third level of decoding.
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6.1.3 Third level decoding

The first group of instructions dealt with at the third level of decoding consists of jump

and branch instructions. The second group consists of DO setup, halt and configuration

setup instructions. The third group consists of return from subroutine and loop break

instructions; and also consists of all of the remaining instructions, which are passed onto

the fourth and final decode stage. The choice within each group depends on the state of

bits 25:24 of the instruction.

6.1.4 Fourth level decoding

The final stage of decoding deals with the least common instructions. These are moves of

data between address registers, between index registers and between address and index

registers, moves of single immediate data values to index registers, and immediate

arithmetic operations on the index registers. The selection at this level is dependent on the

state of instruction bits 23:24.

Figure 6.2  Second and subsequent instruction decode stages
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6.2 Control / setup instruction execution

Once a control or setup instruction has been decoded, the appropriate request is issued to

one of a number of modules where the required operation is performed. These modules

are located within the decode unit in the architectural diagram at the start of this chapter.

Implementation details of these modules is beyond the scope of this thesis, but a brief

summary of their functions and the instructions which they deal with follows.

6.2.1 Branch unit

The branch unit is responsible for all changes of control flow, including branch / jump

instructions, return from subroutine, and interrupt response. The branch unit is also

responsible for halt instructions. Included within the branch unit is a 16 entry stack for

subroutine return addresses, and a 24-bit adder to calculate branch target addresses.

Conditional branch instructions are rare, and require a significant delay to gain access to

the condition codes of the target functional unit which resides at the end of the pipeline,

so the adder is implemented using a simple ripple carry structure which operates in

parallel with the condition evaluation. When a change in control flow is required, the

branch unit requests that the operating colour be changed, and then passes the new fetch

address to the fetch unit and flushes any current DO loops from the instruction buffer.

When a halt is required, a request is passed to the load / store unit. This propagates along

to the end of the pipeline before an acknowledge is issued which allows the halt state to

be entered. This procedure ensures that any pending loads or stores are completed before

a halt is indicated.

6.2.2 DO Setup unit

The DO setup unit is responsible for initialising DO loops, and also for performing

conditional breaks from loop mode. DO loops are initialised by passing a loop count and

instruction count to the instruction buffer. The loop count is obtained either from an

immediate value in the instruction, or by requesting a register read from either the index

registers (via the index interface) or the address registers (via the LS setup unit). The

instruction count is always an immediate value.



6.3 The index registers

Chapter 6:  Instruction decode and index register substitution 145

Conditional breaks require that the status of the condition codes in the functional units be

checked. If the condition is met then a break request is sent back to the instruction buffer.

6.2.3 Index interface

The index interface is responsible for performing writes to index registers, reads from

index registers for DO loop setup, register to register moves and immediate operations.

The read and write operations are not pipelined, but do require access to the following

pipeline stage and therefore may be stalled.

6.2.4 LS setup unit

Similar to the index interface, the LS (load / store) setup unit communicates with the load

/ store unit, to perform writes and reads to address registers, register to register moves and

immediate addition to address register values. The address registers are located in the

following pipeline stage, and so access to them may also be stalled.

6.2.5 Configuration unit

The configuration unit is responsible for performing writes to the various configuration

memories in the system. Configuration is initialised by an instruction which specifies the

type of memory (opcode or operand) to be configured, the starting configuration address,

and the number of addresses to be written. The configuration unit then maintains a count

of the current configuration address and the number of entries remaining, and takes

incoming instructions and passes them on in turn to either the 6 operand configuration

memories or the 4 opcode configuration memories. The operand configuration memories

occupy the same pipeline stage, so no stalling is required. However, the opcode

configuration memories are located two pipeline stages downstream of the decode stage,

so a delay may occur until the stages become free.

6.3 The index registers

The index registers are 7 bit values which are used to point to data in the register file. The

index register units provide automatic updating of the register addresses as required by

the algorithm currently being executed.
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6.3.1 Index register arithmetic

Their area total of eight indexregisters,groupedinto two setsof four registerslabelled

i0-i3 andj0-j3.Theiroperationis basedontheaddressgenerationschemeimplementedin

theMotorola56000seriesDSPs[14]. Eachindexregisterhasassociatedwith it two other

registers;the updateandmodifier registers.The groupingof the registersis fixed: for

example,index registeri0 is alwaysassociatedwith updateregisterni0 and modifier

registermi0. Theupdateregisteris a 7 bit 2’s complementvaluewhich canbeaddedto

or subtractedfrom the associatedindex register.The modifier registercontrolsthe two

special functions supportedby the index units: circular buffering, and bit-reversed

addressing.

Circular buffering

Many algorithmsrequirethe repetitiveprocessingof a fixed sizeblock of data,where

accessesto thedatawraparoundto thebeginningof theblock oncetheendof theblock

is passed.In a conventionalmicroprocessor,this behaviourrequiresexplicit bounds

checkingaftereachaddressupdate.Theautomaticprovisionof this functionis oneof the

distinguishing features of DSP hardware.

To definea circularbuffer of size , themodifier registeris setto . For example,

a20entrycircularbuffermightgofrom register0 to register19,andthemodifier register

would besetto 19, themaximumindex in thebuffer. To preventcircularbuffering,the

modifier register is set to 127 (or -1 in 2’s complement representation).

Whenusingcircularbuffering,thestartindexof thebuffersarerestrictedto themultiples

of nexthigherpowerof 2 to themodifier registervalue.For example,with themodifier

registersetto 19, thebuffer is allowedto startat registeraddresses0, 32,64or 96. Index

registervaluesbetweentheendof abufferandthestartof thenextbufferarenotallowed,

andsettingthe registerto this valuewill give undefinedresultson the next arithmetic

operation.

Whenperformingcircular(modulo)arithmetic,thecarrychainof theadderis split above

themostsignificantbit of themodifier value.Below thesplit position,circularbuffering

N N 1–
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is applied;while aboveit, standard2’s complementarithmeticis used.It is arequirement

thatthemagnitudeof thevalueaddedto theindexregisterbelowthesplit point doesnot

exceedthe sizeof the buffer. However,an arbitraryvaluecanbe addedabovethe split

point which allows an algorithm to maintaina sequenceof circular buffers and step

betweenthem.As anexample:with the modifier registersetto 19 (0010011in binary)

then the split position is locatedabovethe mostsignificantbit, separatingthe circular

buffer pointer(binaryvalues0-19) from thebits indicatingtheaddresswherethebuffer

startsin the registers(0,32,64,96).If the index registeris set to 18 andthe value33 is

addedto it the resultis calculatedin two parts.Firstly, thevalue32 is addedabovethe

split position. Secondly,the value 1 is addedbelow the split position with circular

buffering.This givesthecombinedresult00/10010+ 01/00001= 01/10011= 18 + 32 +

1= 51.However,if thevalue33is addedagain,theresultbelowthesplit pointexceeds19

and wraps round to zero as follows: 01/10011 + 01/00001 = 10/00000 = 64.

Bit-reversed addressing

Bit-reversedaddressingis requiredas part of fast Fourier transformalgorithm, and

implies that the direction of carry propagationis reversed.Bit-reversedaddressingis

selected by setting the modifier register to zero.

6.3.2 Index unit design

All eightindexregisterscanbeupdatedsimultaneously.To providesupportfor this,each

index registeris maintainedby a separateindex unit, which alsostoresthe associated

updateandmodifier valuesandcontainsthearithmeticelementsrequiredto performthe

index updatefunctions.Circuits for the index unit anddetailsof their operationcanbe

found in Appendix C on page253.

The basicstructureof the arithmeticelementof the index units is shownin Figure6.3.

Indexregisterarithmeticwith circularbufferingis performedin oneor two steps.Firstly,

theindexregisterandupdatevaluesaresummedby thecarry-saveadder(CSA),with the

third input set to zero. The carriesare resolvedby a ripple carry adder,which also

implementsthesplit in thecarrychain.Theresultbelowthesplit point is comparedwith
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the current modifier register value to determine whether the result is within the bounds of

the circular buffer. If it is, the operation is complete. However, if the bounds have been

exceeded then the second step begins: an adjustment value is placed on the third input of

the carry-save adder to bring the result back within the correct bounds. The carry

resolution process is then repeated to calculate the final result. The two-step operation

gives good average case performance, since the bounds are exceeded relatively

infrequently, and may be implemented with a very simple and small circuit.

When bit-reversed addressing is selected (modifier register set to zero), the circular buffer

mechanism is disabled and addition is always a single-step process. Two ways of

implementing bit-reversed addressing were considered: using multiplexers on the input

and output of the ALU and physically reordering the wires of the operands, or

implementing a bidirectional carry chain where multiplexers on the carry path select

normal or reversed carry propagation. The latter option was chosen, as it minimises wire

lengths by maintaining nearest-neighbour connections. In retrospect, this is not the best

solution: the carry multiplexers are on the critical path of the ripple-carry adder, which

can impact twice on the performance during circular buffer operation. However,

performance was well within the requirements for this design iteration.

Figure 6.3  Index ALU structure
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6.4 Index register substitution in parallel instructions

Once a parallel instruction leaves the decode stage, two events occur. The relevant

instruction components (operation selection, enable signals, condition codes) and the

current index register values are passed to the functional units and to the load / store unit

(which may require index register values). At the same time, the index registers are

updated depending on the current value read from the index update configuration

memory. The key elements of this process are depicted in Figure 6.4.

Within each index unit, the current index register value is passed out through a latch. The

signal nlt_index from the index update memory controls this: when the new index update

code has been read, the configuration memory sets nlt_index low to capture the current

index register value, and issues a request on its output (req_upd). Since the output to the

functional units is now captured, the selected index update can be requested by asserting

nreq_index. At about the same time, the (possibly modified) instruction is also passed

from the decode stage by the assertion of req_op. The pipeline latch is closed, and ack_op

is asserted to indicate that the data has been captured.

Once both req_op and req_upd have arrived, both the instruction components and the

index register values are known to be correct: these values are driven across to the

Figure 6.4  Passing of index registers for parallel instructions
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functional units and the load / store unit, where the required values are captured before

ack_op[3:0] are issued by the functional units and ls_regack is issued by the LS unit.

Once all the outputs have been captured and the acknowledges received, and the index

update has indicated completion on ack_index[7:0], an acknowledge is passed back on

ack_upd, allowing a new index update code to be read. Similarly, the instruction latch can

be reopened and any pending requests on req_op then be acknowledged.

The other functions managed by the pipeline controller are requests for access to all other

operations in this and subsequent pipeline stages: writes / reads / immediate updates of the

index registers, condition code checks in the functional units and writes to the

configuration memories. These are routed through the pipeline controller, which blocks

any request until the stage is cleared.
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Chapter 7: Load / store operation and
the register banks

The register file is at the centre of the CADRE architecture. During each instruction, up

to eight reads can be requested from either the X or Y register bank, as well as a store

operation from each bank which can read two further registers. Similarly, there can be up

to four writes to either the X or Y register bank in addition to a load operation writing up

to two registers in each bank. Clearly, the design of the register file can have a great deal

of influence on the overall performance and power consumption of the system.
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7.1 Load and store operations

Every parallel operation executed by CADRE can include load and store operations

between the X and Y data memories and the register file, or a store operation from the

GIFU to memory. These operations use address registers to identify the target of the

operations in memory, which can be updated after each operation. A number of desirable

features and constraints apply to the operation of loads and stores in relation to other

accesses to the register file.

7.1.1 Decoupled load / store operation

Each parallel instruction can include load or store operations. However, when a load or

store has been initiated it is undesirable to have to wait for these (potentially slow)

operations to complete before another parallel instruction can take place. By decoupling

the completion of load or store operations from the instruction stream, it is possible to

place a load operation a few instructions before the point where the data is required, to

prefetch the data and hide memory latencies. Similarly, store operations can be allowed

to complete while the next result is being calculated. Processing is only paused if another

load or store operation is requested while one is still pending.

7.1.2 Read-before-write ordering

To maximize the efficiency of code in terms of both number of instructions and speed, it

is desirable to be able to execute as many operations as possible from within a parallel

instruction. However, this brings about issues of how potential conflicts within an

instruction are resolved.

Where a load from memory to a particular register occurs in parallel with an ALU

operation accessing that register, the register must be read by the instruction before the

load is allowed to complete. An example of code that requires this is shown in Figure 7.1:

the MAC instruction uses the value that is in the register x:0 before the load operation

overwrites it. This is a logical way of arranging events, since it is likely that the load

operation will take significantly longer to complete than the register read and it allows

data prefetches to be placed as early as possible in a sequence of instructions.
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Similarly, whena storeinstructionoccursin thesameparallelinstructionasa writeback

from a functionalunit, it is necessarythat the registeris readfor thestorebeforebeing

overwrittenby thenewdata.An exampleof this is shownin Figure7.2.Again, this is a

naturalarrangement:thewritebackbeginsin theexecutionstageof thepipeline,while the

registerreadoccursin thepreviouspipelinestage;soall thatis necessaryis amechanism

to ensure that the data has been captured before execution begins.

7.1.3 Write-before-read ordering

Thedecouplednatureof loadoperationsmakesit necessaryto ensurethat therequested

datahasarrived from memorybeforeit is usedby new instructions.Figure 7.1 is an

exampleof codethat requiresthis: the loadfrom thepreviousiterationof the loop must

havecompletedbeforethenextiterationof theloopcanbeperformed.This is performed

by locking of registers.TheX andY registerbankseachhavea singlelock (asonly one

loadcanbein progressperbankat anytime),andanyattemptto readtheregisterwhile

the lock is in effect results in a stall until the load completes and the lock is removed.

As registerreadsoccurin thepreviouspipelinestageto writebacks,ahazardexistswhen

an instructionwrites backa valueto a registerwhich is thenreadfor the immediately

following operation. It is the programmer’sresponsibility to ensurethat an extra

Figure 7.1  Ordering for ALU operations and loads

Figure 7.2  Ordering for ALU writebacks and stores

do #n
{

; Reads current register x:0
mac x:0,x:0,maca:a,maca:a
; Writes next value to register x:0
load x:(r0)+,x:0

}
enddo

{
; This writes to x:0...
move maca:ah,x:0

; ... but x:0 is read first here
store x:0,x:(r0)+

}
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instruction is inserted in this case. The one exception to this rule is for store operations,

where sequencing is enforced to ensure that the writeback has completed before the store

commences. This allows loops to be written more concisely and stored in configuration

memory without the need for special cases to deal with storing to memory, at the expense

of a pipeline bubble being introduced for store operations. Examples of both cases are

shown in Figure 7.3.

7.2 Load / store pipeline operation

The processor pipeline, shown in Figure 3.7 on page 103, combines parallel operations

performed in a number of different physical blocks in the same logical pipeline stage.

Other than the parallel arithmetic execution, the main area of parallelism is the load / store

(LS) operations which are set up in parallel to the rest of the instruction. A highly

simplified representation of the interactions data flow through the pipeline is shown in

Figure 7.4: blocks which are grouped together physically are shown contained by grey

rectangles. Operations outside the main pipeline sequence, such as load completions and

writebacks, are indicated by a thick dashed grey border.

When a parallel operation has been identified in the decode stage of the pipeline, the first

stage of configuration memory reads takes place, in the six separate operand

configuration memories. Within each of the four functional units, the memories specify

data sources and destinations and the choice of index registers to be used. Within the

decode unit, a memory specifies how the index registers will be updated by the

instruction. Finally, in the load / store unit, the LS configuration memory contains the

register numbers or the index registers that specify the targets of the LS operations in the

register bank, the address register selections for each operation, how the address registers

Figure 7.3  Illegal and legal sequences of operations with writebacks

{
; Writeback to register x:0
move maca:a,x:0

}
{

; Reads current register x:0
; ... Illegal, still being written.
mac x:0,x:0,maca:a,maca:a

}

{
; Writeback to register x:0
move maca:a,x:0

}
{

; Reads current register x:0
; Legal... waits for WB to complete
store x:0,x:(r0)

}
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will be updated, and the direction of both of the transfers. Full details of the encoding of

the contents of each configuration memory is given in Appendix D.

The required index registers for each operation are known once the configuration

memories have been read. While the current index register values are being sent to their

destinations, the next set of values are calculated as per the instruction. In the functional

units, the only operation during this pipeline stage is to receive and select the appropriate

index register values. Within the load / store unit, index register values are also selected

as needed. Also, the address registers used by the LS operation are read and the requested

updates to their values are performed.

At this point, the functional units and LS units have obtained the details of the registers

that they require from the register bank, and it is at this point that the pipelines converge.

The interaction between the register reads and load / store operations is managed by the

lock unit, which forms part of the register bank.

As read requests arrive from each of the functional units, they are compared with the

targets of any pending load operations on the X or Y register bank. Should a match be

found, the read request is delayed until the load has completed and unlocked the register.

Each functional unit can request zero, one or two different registers.

Once all the read requests have passed the locking mechanism, and details of the current

load / store operations have arrived, any requested load / store operations are initiated. If

a load or store operation is required on a register bank where one is still pending, the

process stalls here until pending operations have completed.

When a store to X/Y memory is requested from the register bank, it is necessary to wait

for completion of any writebacks to the register bank from the functional units. This is

done by waiting for the execution stage of the pipeline to signal completion, as this is

when these writebacks are defined to happen. Registers required for the store operation

are then fetched from the register bank, along with the registers requested by the

functional units. Once the data has been supplied, the execution stage can commence

operation, and completion of the store is decoupled from other read operations. Store

operations therefore introduce a bubble into the execute stage. This could be avoided by
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additional locks to identify writeback targets, at the expense of substantial extra

complexity. Alternatively, the programmer could be forced to insert an instruction

between a writeback and a subsequent store, as is already required for conventional

register reads after writebacks. However, it was felt that the benefit obtained from the

denser packing of instructions outweighed the disadvantages of introducing a pipeline

bubble, particularly as stores to memory are a relatively infrequent occurrence.

For the case of a load operation from X/Y memory to the register bank, the register lock

on the X or Y register bank is updated with the new load target register. The load is

initiated immediately, but an interlock within the register bank prevents the load from

completing until register reads from the functional units for the current instruction have

been completed, guaranteeing read-before-write in the instruction. This is only likely to

affect operation when either the memory is very fast, or register reads are very slow.

Stores from the GIFU to memory are more complex, as they require the instruction

initiating the store to have occupied the functional units, which in turn place the required

value on the GIFU bus. As for a conventional store operation, the lock unit waits for the

previous instruction to have completed before beginning the register read for the

functional units. As soon as the required registers have been read, execution begins in the

functional units and, when the functional units have indicated that valid data has been

placed on the GIFU, the value on the GIFU is read and the store is initiated. Completion

of the instruction is delayed until the value has been read (although in practice, the read

will occur concurrently with execution of the instruction).

7.2.1 Address generation unit

The address generation unit consists of the four address registers (r0, r1, r2 and r3). Each

of these has an associated update register (nr0-3) and modifier register (mr0-3). These

groups of registers work together in a similar fashion to the index registers and their

update and modifier registers. The update register is a 2s complement value which can be

added or subtracted to the address register, while the modifier register either defines a

circular buffer or, when zero, selects bit-reversed operation to assist with FFT operation.



7.2 Load / store pipeline operation

Chapter 7:  Load / store operation and the register banks 157

Figure 7.4 Load / store operations and main pipeline interactions

Decode

Config mem

D
E

C
O

D
E

 S
TA

G
E

Update modes LS operation

Config mem

INDEX REGISTERS

Config mem

ADDRESS REGISTERS

Register
selections

IN
D

E
X

 S
U

B
. S

TA
G

E

LOAD / STORE UNIT FUNCTIONAL UNITS (x4)

R
E

G
IS

T
E

R
 R

E
A

D
 S

TA
G

E

Config mem

LOCK UNIT

E
X

E
C

. S
TA

G
E

Writeback operations

Register data

Post-lock register selections

X mem.

Y mem.

LS addressesIndex registers

Full LS details

Register selections

MAC unit

Load / store
execution

R
E

G
IS

T
E

R
 B

A
N

K

(decoupled)

store dataload data

LATCH LATCH

LATCH



7.2 Load / store pipeline operation

Chapter 7:  Load / store operation and the register banks 158

The main elements of the address generation unit datapath are depicted in Figure 7.5. For

the sake of simplicity, the interfaces through which the address registers are set up are not

shown, and neither is the control unit which manages the input and output handshakes for

the pipeline stage. In contrast to the index registers, which have a separate ALU for each

index register and can be updated simultaneously, only two address registers can be

updated per instruction. Address register selection is performed using tri-state

multiplexing: the X and Y register selections are decoded onto enable signals, which

select one of the four register groups to be driven onto the buses to the X and Y ALUs

respectively. Once the register selection has been made, the control unit closes the latches:

the addresses are then ready for use by the next stage of the pipeline. At the same time,

the selected address update begins in each of the X and Y ALUs. Once these updates have

completed, write requests are made to the address registers. Only those registers indicated

by the enable signals respond to the write request. The control unit is then ready to accept

the next instruction and for the cycle to begin again, once the following stage has

acknowledged the address and allowed the output latch to reopen.

Address ALU design

The specifications of the address arithmetic are virtually identical to those for the index

units as specified in section 6.3.1 on page 146, except that they occur over 24 bits rather

than 7. The extra width over which carries must propagate necessitates a somewhat

different design approach when implementing circular buffering, although it was decided

to use ripple-carry adders still due to their small size and low power consumption. The

index register arithmetic was performed by adding the offset value, checking whether the

result was within the bounds of the circular buffer, and then adding an offset value to

correct the result if necessary. For the address unit, performing two such additions in

series would take too long when using a simple ripple-carry adder. Instead, it was decided

to evaluate both results simultaneously and select the one that fell within the appropriate

bounds. An overview of the address ALU is shown in Figure 7.6. Shift operations are

performed trivially through additional inputs to the output multiplexer, and the routing for

this is not shown here.
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The operation required can be a decrement, increment, subtraction, addition. The input

conversion produces the appropriate offset value to implement the operation (e.g. by

inverting the update value and generating a carry input for a subtraction), and produces

the correct adjustment value to bring results back within the circular buffer bounds. For a

subtraction, a positive value must be added to bring the result back within the bounds of

the circular buffer while for an addition, a negative value must be added. The modifier

value is also processed to determine the split point for the carry chain: for instance, if the

modifier value were 100 decimal, then the carry chain would be split at the position

corresponding to 128 decimal, the next power of 2. Arithmetic above the split position

happens according to standard 2s complement arithmetic. A modifier value of zero

bypasses the modulo arithmetic logic, and selects bit-reversed arithmetic which is

performed only by the bottom adder circuit.

Figure 7.5  Structure of the address generation unit
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When performing modulo arithmetic, the bottom adder circuit calculates the sum of the

address and the offset. The carry-save adder (which has a critical path of 6 gate delays)

adds the adjustment value, which passes to the upper adder to resolve the carries. The

output is selected from either the adjusted or non-adjusted values by examining the carry

output at the split point.

For an addition, the carry output from the adjusted value is studied: the adjustment is

negative, so if a carry has been generated then the result of (address + offset - adjustment)

is positive. This implies that (address + offset) was greater than the modulus, and the

adjusted value should be selected; otherwise, the non-adjusted value should be selected.

For a subtraction, the carry output from the non-adjusted value is studied: the offset is

negative, so if a carry has not been generated from the result of (address + offset) then the

result is also negative, and the adjusted value should be selected to bring the result back

into the positive modulus range. Otherwise, the non-adjusted value is passed.

Figure 7.6  Address generator ALU schematic
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7.2.2 Lock interface

The lock interface accepts the memory addresses, register selections and other load / store

operation parameters, negotiates with the lock unit in the register bank and initiates the

load / store operations. The schematic is shown in Figure 7.7, and consists of three

components: the lock interface itself (lock_if) and the two execution units (ls_execute)

which perform the load / store operations between X / Y memory, and the X / Y registers

or the GIFU.

On receiving the load / store information from the previous pipeline stage, the lock

interface latches the data and issues an input acknowledge. The next stage of operation is

to perform the handshake with the lock unit but, if either of the execution units have an

operation still pending (signalled by x_ls_pending and y_ls_pending), the lock interface

waits until the operations have completed.

The exact sequence of events in the lock interface depends on the combination of loads or

stores being performed. The simplest case is where no load or store operations are

performed. In this case, the two enable signals (x_en and y_en) to the lock unit are low,

and the lock handshake simply serves to synchronise the load / store pipeline with the

main pipeline.

When a load from memory to one of the register banks is being performed, the appropriate

enable signal is set high and x_nload / y_nload is set low. The target register for the

operation is passed through nx_reg[6:0] / ny_reg[6:0] and the lock handshake is

performed. This causes the target register to be locked in the register bank. Once this has

happened, the load operation is initiated in the execution unit by asserting x_lsinit_req /

y_lsinit_req. The execution unit commences the operation and asserts the pending signal,

before responding with x_lsinit_ack / y_lsinit_ack.

When a store from a register bank to memory is being performed, both the enable signal

and x_nload / y_nload is set high. For a store operation, it is necessary to ensure that any

writebacks associated with the previous instruction have completed (write-before-read

ordering), and it is also necessary to prevent the current instruction from executing until

the data for the store has been read from the register bank (read-before-write ordering), as
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discussed earlier. The hold_exec signal to the lock unit prevents the current instruction

from passing from the register bank to the execution stage, and is driven high when a store

operation is detected. The lock handshake is then performed, and the store operation is

initiated by asserting x_lsinit_req / y_lsinit_req. The execution units determine when the

previous instruction has completed by monitoring the GIFU validity: during instruction

execution, the GIFU valid signals are driven high and only return low at the end of

execution. When all the GIFU valid signals are low, the execution unit reads the registers

to be stored from the register bank. Only when this has completed does it respond with

x_lsinit_ack / y_lsinit_ack. When both execution units have responded, hold_exec is

removed and execution can continue.

A store from GIFU to memory begins in a similar fashion to a store from the register bank,

with the hold_exec signal being set high to delay execution of the current instruction.

However, this case is complicated by the need for the current instruction to enter the

functional units and drive the GIFU correctly. Once the lock handshake has been

performed, the store operation is initiated by asserting x_lsinit_req / y_lsinit_req. The

execution units wait for the previous operation to have completed and the functional units

to be empty, as for a normal store. This allows definite synchronization between the store

operation and the current instruction which must drive the correct value onto the GIFU.

However, before issuing x_lsinit_ack / y_lsinit_ack, x_gifu_wait / y_gifu_wait is driven

high. This blocks the op_done[3:0] / next_op handshake, thereby preventing the

functional units from releasing the GIFU once the current instruction has completed and

ensuring that the value can be read by the execute unit. The corresponding x_lsinit_ack /

y_lsinit_ack is then asserted, and hold_exec is released to allow the current instruction to

enter the functional units. The GIFU will subsequently be driven, allowing the value to be

read by the storing execution unit. Once the value has been read, the GIFU wait signal is

removed and the instruction can complete.

7.3 Register bank design

A typical multiported register cell with read and write ports is shown in Figure 7.8.

The data is stored by the cross-coupled weak inverters. Each of the read ports connects to

one bit line (Nop1...Nopn, which go to all the cells at that bit position in the register bank)

on which the read value is placed, and one word line (en_op1...en_opn, which go to all

n m
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the cells in that word of the register bank) through which the word to be read from the

register bank is selected and which enables the precharged bit lines to be discharged

depending on the contents of the register cells. An example of how the bit and word lines

are connected is given in Figure 7.9. Similarly, each write port connects to one word line,

(en_w1...en_wm) selecting the word to be written and enables the value stored on the bit

line (wb1...wbm) to be driven onto the weak inverters.

Figure 7.7  Lock interface schematic



7.3 Register bank design

Chapter 7:  Load / store operation and the register banks 164

By necessity, the read and write transistors are larger than those for the weak inverter, as

the read ports drive the large capacitance of the bit lines and the write ports need to

overdrive the weak inverter. It is therefore the number of ports which control the overall

size of the register bank. The physical area of the register bank dictates the length of the

bit lines, and it is the charging and discharging of these lines which represents one of the

major sources of power consumption in the register bank.

Is is claimed in [142] that the size of the register bank grows quadratically with the

number of ports, which would be true if the size were limited by the wiring pitch of both

the bit lines and word lines. It is suggested that, despite a number of power saving

measures that can be employed, the register bank is likely to cause a major component of

the power consumption.

One way of avoiding the energy and area cost of a large centralized multiported register

bank is to divide it into a number of smaller banks, each of which are associated with a

smaller number of processing elements. However, this requires that data access patterns

can be mapped onto this configuration and adds additional complexity for the

programmer or the compiler. An automatic way of performing this mapping is proposed

in [143], but this adds hardware complexity and is not necessarily well suited to DSP

algorithms where individual data values tend to be processed by many functional units.

The register bank for CADRE requires 10 read ports (2 reads by each functional unit, and

data to be read for stores from two sequential registers aligned on an even boundary), and

Figure 7.8  Multiported register cell Figure 7.9  Word and bit lines in a
register bank
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6 write ports (1 writebackfrom eachfunctionalunit, and2 writes to sequentialeven-

alignedregistersfor dataloadedfrom memory).Theproposeddesignexploitsthetiming

flexibility of asynchronouspipelinesandthedataaccesspatternsof typical applications,

to givetheappearanceof two unified128-wordregisterfiles with therequisitenumberof

readandwrite portsatamuchlowerareaandpowercostthanaconventionalmultiported

registerbank. It also offers the potential for fasterreadsthan could be expectedof a

conventional implementation, when using common data access patterns.

7.3.1 Data access patterns

Many DSPalgorithmsrequireaccessto sequentialaddresses,suchasfor sequentialdata

values and filter coefficients,and write the results back in sequentialorder. When

parallelised,this mapsonto simultaneousrequeststo four consecutiveaddresses.Two

important examples of this are the FIR filter algorithm and the calculation of

autocorrelations(which is the dominantprocessingcomponentof many speechcodec

algorithms).

FIR filter data access patterns

An N pointFIR filter is characterizedby theequation . When

mappedontofour functionalunits,this leadsto simultaneousaccessesto , ,

and fromX memory,and , , and fromY memory,

and so on for all values of at each data index.

Autocorrelation data access patterns

Autocorrelationis characterizedby the equation . When

implementeddirectly with four functionalunits, this canrequiresimultaneousaccesses

from up to 8 datalocations.However,thesituationcanbeimprovedby splitting thedata

into two halveswith onehalf residingin theX registerbankandtheotherin theY register

bank.In this way, no morethan4 readsoccurto eachregisterbank,andthe final result

can be calculated with a summation after processing the blocks.

y n( ) x n i–( )c i( )
i 0=

N∑=

x n( ) x n 1–( )

x n 2–( ) x n 3–( ) c 0( ) c 1( ) c 2( ) c 3( )

i n

r k( ) x n( )x n k–( )
n 0=
N∑=
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Where more than one autocorrelation value needs to be calculated, further optimisations

can be made by concurrently calculating sets of consecutive autocorrelation results to give

sequential data accesses, which also minimizes multiplier switching activity by keeping

one input constant over four operations. This leads to the register access patterns shown

in Table 1 for each data point. The summation can be performed in any order, and in this

implementation MAC A and MAC C process even data points in the X and Y register

banks respectively, while MAC B and MAC D process odd data points. In practice, the

functional units in CADRE contain only 4 accumulators, so autocorrelation values for 4

values of lag k (0...3, 4...7, etc.) can be calculated on each pass through the data.

7.3.2 Register bank structure

The sequential nature of data accesses suggest that one way to improve the performance

and power consumption of the register banks in this application would be to divide them

into sub-banks, with the sub-banks containing sequential register numbers repeating

every th digit. Given the mapping of operations onto separate X and Y banks, an

obvious choice of for this design would be 4, with a sub-bank size of 32. Usefully,

optimised custom layout cells are available from the AMULET3 processor, which has a

similar-sized register bank. This sub-division means that sub-bank 0 contains registers

, sub-bank 1 contains registers , sub-bank 2 contains registers and sub-

bank 3 contains registers  (with ) as shown in Figure 7.10.

When the code is written so that all the register accesses to each bank occur in different

sub-banks, the power consumption and delay incurred will be that of an access to a single-

ported 32-entry register file, with some overhead from the routing circuitry. Where

contention for register sub-banks exists, a number of access cycles can be performed until

MAC A MAC B MAC C MAC D k

X:n X:n X:n+1 X:n+1 Y:n Y:n Y:n+1 Y:n+1 0

X:n X:n-1 X:n+1 X:n Y:n Y:n-1 Y:n+1 Y:n 1

X:n X:n-2 X:n+1 X:n-1 Y:n Y:n-2 Y:n+1 Y:n-1 2

X:n X:n-3 X:n+1 X:n-2 Y:n Y:n-3 Y:n+1 Y:n-2 3

X:n X:n-4 X:n+1 X:n-3 Y:n Y:n-4 Y:n+1 Y:n-3 4

X:n X:n-5 X:n+1 X:n-4 Y:n Y:n-5 Y:n+1 Y:n-4 5

X:n X:n-6 X:n+1 X:n-5 Y:n Y:n-6 Y:n+1 Y:n-5 6

X:n X:n-7 X:n+1 X:n-6 Y:n Y:n-7 Y:n+1 Y:n-6 7

Table 7.1: Autocorrelation data access patterns

N

N

N

4n 4n 1+ 4n 2+

4n 3+ n 0… 7=
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all the accesses have been resolved. In the asynchronous domain, this represents no

difficulty: surrounding stages will simply wait until the accesses have completed. The

programmer need not be concerned with always maintaining optimal access patterns

since, as long as the average access patterns are good, overall performance will not be

affected. By contrast, in a synchronous system it would be necessary to ensure that, at

most, only a small number of access contentions occurred so that the operations are

guaranteed to complete within the given clock period.

At the centre of the register bank in Figure 7.10 are the 8 X/Y sub-banks. Write and read

requests are distributed to the various sub-banks, but the ways in which the write and read

operations occur are very different.

Figure 7.10  Register bank organization
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7.3.3 Write organization

Write-requests to the register bank arrive asynchronously: while there is likely to be some

correlation between the times of writeback requests from the functional units, data

returned by loads from memory can arrive at arbitrary times. It is expected that contention

for the sub-banks is unlikely between writebacks from functional units, as few algorithms

write back data other than in a sequential manner. Contention is somewhat more likely

between loads and writebacks, since the timing of load completion is unknown and the

destination register for the load is likely to be in one of the next groups of 4 registers to

those being written back at the end of a pass through an algorithm.

The chosen mechanism for distributing writes is shown in Figure 7.11. When a write-

request arrives at one of the writeback ports, it is routed to one of the arbiter blocks in each

of the 8 sub-banks. The selection is based on bit 7 (X/Y select) and bits 1:0 (sub-bank

selection) of the register selection reg[7:0]. Similarly, the data and the address within the

sub-bank (reg[6:2]) are also passed to the target sub-bank. A similar process occurs for

arriving load completions, except that only one load can occur to each of the X and Y

register banks and, when a 32-bit load is selected, the targets are either sub-banks 0 and 1

or sub-banks 2 and 3.

Figure 7.11  Write request distribution
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At the input to each sub-bank, an arbiter block accepts possible write-requests from all the

write ports, and contention for that sub-bank is resolved amongst the pending requests.

The data and register selection of the winning request are passed to the sub-bank write

input, and the write process occurs. Once the write has completed, the acknowledge is

passed back to the winning write port, the winning request is removed and any other

contending requests can gain access in whichever order that the arbiters determine.

Figure 7.12 shows the organization of the arbiter blocks, and the arbitration component

used to construct it. At the input to each arbiter, the incoming requests vie for control of

the mutex element. The winning request then gains control of the multiplexers, causing

the appropriate register and data values to be passed through. It can be seen that the arbiter

block is asymmetric: load completion is arbitrated after all the writeback requests, making

load completion somewhat faster and giving it higher priority. If a conflict occurs between

the writebacks and incoming data on the final instruction of a loop, it is important that the

new data should arrive first, so that the register read for the next iteration of the algorithm

can begin. The writeback occurs in the pipeline stage following the register reads, so that

the writebacks will then occur in parallel with the reading of the fresh data. If the priority

were reversed, then the writebacks would complete and the execution stage of the pipeline

would become empty. However, the register read in the previous stage would be unable

to start until the loading of fresh data had completed, leading to a bubble being introduced

in the pipeline while the read was performed.

The individual arbitration circuits are not symmetrical in terms of the delay that they

impose: the multiplexers are normally set to pass input A, and if input B wins control it is

necessary to delay the output until the multiplexers have changed their selections. A

slightly fairer technique, which is also likely to be faster, would be to use a tree arbiter

with arbitration off the critical path, such as that proposed in [144], to determine the

winning request and then select the data and address corresponding to the winner (e.g. by

using tri-state drivers). However, for this design speed was non-critical and the repeated

tree structure gives a simple (and readily expandible) design.
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7.3.4 Read organisation

In contrast to write requests, read requests to the register banks tend to arrive at

approximately the same time as they originate from a single triggering event. Also, it is

very much more likely that read requests from the functional units will conflict with one

another in their register selections. For these reasons, an asynchronous arbiter tree will

give poor performance as the chances of metastability in the mutual exclusion elements

is maximized due to the close arrival of input requests. In addition, when a number of

functional units all require access to exactly the same register (as occurs in the

autocorrelation example in Table 7.1) it is undesirable that the same register should be

read multiple times, for reasons of both performance and power consumption [146].

The method proposed here uses distributed requests coordinated by a central read

controller, and avoids redundant reads as an inherent part of the mechanism by which a

multiported register file is simulated. The register bank waits for all read requests to have

arrived before commencing: this synchronisation incurs little penalty, since incoming

requests are already nearly synchronised, but greatly simplifies the design of the

hardware.

Figure 7.12  Arbitration block structure and arbitration component
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The read mechanism is shown in more detail in Figure 7.13.The system consists of the

register sub-banks, which are connected to the read ports by a switching network. The

switching network allows any read port to connect to any sub-bank. The read ports operate

semi-autonomously, passing requests for data across the switching network and capturing

the data and sending it on to its destination when the request is satisfied. In practice, read

requests arrive in pairs from each functional unit, so there is one control circuit for every

two ports. However, for simplicity only a single port is shown in the figure. The activity

of the read ports is synchronised by two overall control elements: the lock unit, and the

read controller.

Data being loaded from memory into the register bank can arrive at any time. This implies

a possible hazard, where a load is initiated and a subsequent instruction attempts to access

the data before it has arrived from memory. It is therefore necessary to enforce locking of

registers which are the target of load instructions, to ensure that this does not occur.

Before reaching the read ports, each active read request is compared against any currently

active register locks. If a conflict exists, the read request is stalled until the lock is

removed by the completion of the load. If no conflict exists, the read request is passed on

to the read port.

Read operation

When a read request arrives at a read port from the functional units, or a null handshake

without an active request arrives, the read port asserts the go signal to the lock unit.

Each active read port passes its choice of register (5 bits) and a read request signal to the

relevant sub-bank. At each register sub-bank, a simple priority selector chooses one of the

active requests according to some arbitrary ordering, and passes the associated register

selection to the sub-bank. The ordering chosen could be exploited by the designer, by

connecting slower processing elements to the ports with higher priority. The winning

register selection is also passed back across the switching network to the requesting read

ports, along with the output data, allowing them to determine when their register request

has been satisfied.
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Once go signals have been issued by all the read ports, the read process begins: this is the

step where synchronisation occurs. First of all, new register locking information and

details of loads and stores are accepted from the load / store unit. The new register locking

information does not affect the state of any of the currently pending reads, allowing reads

from a register and loads to that register to take place in the same parallel instruction

(read-before-write ordering is enforced by the lock unit). Once the load / store information

is latched, the req_go signal is asserted to the read controller to begin the first read cycle.

The read controller is responsible for performing read cycles as long as any read requests

or stores are outstanding. Each read cycle begins by sending the req_read signal to all the

sub-bank inputs. All the sub-bank input selectors with at least one active read request

perform read operations on their sub-banks, and respond on ack_read. Sub-banks with no

Figure 7.13  Read mechanism
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active read requests remain idle, responding immediately with ack_read. Matched delays

in the control path ensure that changes to the read-requests pass across the switching

network before the next read cycle begins.

Once the reads have completed, the read controller asserts req_eval to all the read ports,

to indicate that the output data from the register sub-banks is valid. Each read port has

compared the winning register selection with its desired register in parallel with the

register read process, so any read port whose request has been satisfied can capture the

data immediately and remove its read request. This means that, if multiple read ports are

requesting the same register, all the read ports will have their requests satisfied by a single

read cycle. Each read port responds with ack_eval once the capture / non-capture of data

is complete and the read cycle is completed once all read ports have responded with

ack_eval. As soon as the data has been captured by each port, it is passed to the functional

unit which requested it using req_op / ack_op.

After the cycle has completed, another cycle is begun by the read controller if any read

requests are still outstanding. Once the final cycle is performed, with all read requests

satisfied, the read controller finishes the read process by responding with ack_go. The

lock unit, in turn, completes the handshake process with the read ports. The read ports

complete their handshake cycle once both the read process has completed, and the

functional units have accepted the new data: this means that, while data will be passed

forward from the register bank to the functional units as soon as it is available, new read

requests will only be accepted at the input of the register bank once the whole read process

has completed.

7.3.5 Register locking

To avoid complicating the description of the fundamental architecture of the register

bank, only a small portion of the register locking / sequencing behaviour has been

described so far. What has been excluded is the method by which read-before-write is

guaranteed for both loads to the register bank and stores from the register bank.

When a load is being performed, it is required that any reads from the register bank in the

same parallel instruction as the load will be completed before the load completes. To
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ensure that this happens regardless of the speed of the memory sub-system, a signal from

the lock unit to the load port of the register bank is set high before the load instruction is

accepted (and the loads themselves are begun). This signal prevents the load completion

from writing to the register bank, and is cleared as soon as the read process of the current

instruction is completed.

When a store is being performed, it is necessary that the data to be stored is read before

any new writebacks, which may overwrite it, can occur to the register bank. The load /

store unit ensures that the previous instruction has already completed, so the only source

of danger is the writebacks that form part of the current instruction. To prevent these

writebacks from occurring, the hold_exec signal from the load / store unit indicates to

each read port that requests to the functional units should be stalled, although each read

port collects the requested data in the usual fashion. Once the data for the store operations

has been read, the hold_exec signal is removed, allowing execution to commence. Data

requests from store operations are given priority at the register sub-banks, and are always

serviced in the first cycle as they never contend with one another.
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Chapter 8: Functional unit design

The only assumptions made about the nature of the functional units in the CADRE

architecture are that they conform to the asynchronous interfaces at the various pipeline

boundaries. The rest of the architecture can be viewed as simply a mechanism for feeding

data to the functional units: to a great extent, the meaning of this data is left to the

designer. This means that different units with radically different internal structures and
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functionscanbeselectedfor a particularapplicationand,dueto theclearasynchronous

interfaces, these can be substituted for one another without great difficulties.

This chapterfirst describesthe generic interfacesthat must be implementedby all

functional units. Secondly,the multi-purposefunctional unit that was developedto

evaluatethe architectureis described.The assemblerfor the architecturecurrently

supportsonly this type of functional unit: to allow different functional units to be

interchangedeasily,amoreflexible frameworkwouldneedto bedevelopedwherebythe

assemblercanbe madeawareof the mnemonicsandcharacteristicsof eachfunctional

unit.

8.1 Generic functional unit specification

Theoperationsthatmakeuptheprocessorpipelineare,ashasbeenmentionedpreviously,

distributedin a numberof separatephysicalunits.This meansthat the functionalunits

havea numberof separateinterfacesresidingin different logical pipelinestages,with

pipeline latches internal to the functional units as shown in Figure 8.1.

8.1.1 Decode stage interfaces

The primary interfaceto the functionalunits within the decodestageof the pipelineis

operand[6:0], bundledby nreq_operand / ack_operand. This is intendedto specifythe

addressin theoperandconfigurationmemoryto bereadfor a parallelinstruction,andis

containedin bits 7-13 of the instruction word. The acknowledgeis issuedonce the

memory read has completedand the result has beenlatchedby the following stage.

However,thesystemdesigneris free to usea smallermemory,a combinationof RAM

andROM, or indeedto dispensewith a configurationmemoryaltogetherandtreat the

operand address as having some other arbitrary meaning.

8.1.2 Index substitution stage interfaces

During the index substitution stage, the current values of the index registersare

transmittedto the functional units, along with the remaining fields of the parallel

instruction.The intentionbehindthis orderingis that thefunctionalunit hasdetermined

which index registersit requiresvia theoperandconfigurationmemory’scontents.The
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data is transferred through the nreq_op / ack_op handshake. Bundled by this handshake

are the remaining instruction components and the eight 7-bit index register values (all of

the index registers being passed to all of the functional units).

The first main component is the 7-bit opcode configuration memory address op[6:0],

contained in bits 0-6 of the instruction. This is intended to specify the opcode

Figure 8.1  Primary interfaces to a functional unit
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configurationmemorylocation for the currentoperationbut is opento otherusesin a

similar fashion to the operand address.

The secondmain componentis a 5-bit conditionaloperationfield cond[4:0]. This is

containedin bits18-22of theinstruction,andis intendedto beusedasacodespecifying

tests for operationagainst the functional units’ internal state.Again, where this is

appropriate,each functional unit can treat this as arbitrary data, but with certain

restrictions:only valuesfrom 00000to 01000andfrom 10000to 11000binarymaybe

used with impunity: other values are used for loop conditional operation.

Loop conditionsare testedin the decodestage,and the value of the condition code

transmittedonwardswill bealteredtoeither00000(intendedtocodefor always) or10000

(to codefor never). This allows arithmeticoperationin selectedfunctionalunits to be

conditional on the loop status.The loop condition may also causechangesin the

writebackandload/ storeenablesignals,in which casetheconditioncodewill besetto

00000.

The functional unit may only perform operationsdependenton cond[4:0] when the

associateden_cond signalis asserted.Theen_cond signalsarecodedin bits23-26of the

instruction, and allow each functional unit to perform conditional operations

independentlyof theothers.However,wherethedesignerknowsthatall of thefunctional

unitshaveacommoninterpretationof theconditiondata,thentheseenablesignalscould

be given an alternative meaning.

The final maingroupof bundledsignalsarea numberof otherenablesignals:en_op is

intendedto activateor deactivatethe main arithmetic / logical operationwithin the

functionalunit, with a separatebit for eachfunctionalunit containedin bits 23-26of the

instruction.Similarly, en_accwr is a singleenablesignal,intendedasa globalenablefor

parallel writes to the functional unit accumulators.This is coded in bit 15 of the

instruction,and goesto all of the functional units. Both en_op and en_accwr could

potentiallybe given different meanings.The final enablesignal is en_wb, intendedto

enablewritebacksfrom thefunctionalunit accumulatorsto theregisterbank.This signal

canbeforcedto zeroby loop conditionevaluations.Again,a functionalunit for whoma

writeback enable is unnecessary could give an alternative meaning to this signal.
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Secondary interfaces

Two additional interfaces (not shown in Figure 8.1) are implemented at the index

substitution stage: these allow tests on the condition codes in a particular functional unit

(for conditional branch and break instructions), and perform writes to the configuration

memories. Handshakes on the main interface and the two secondary interfaces are

mutually exclusive.

8.1.3 Register read stage

Having received data through the interfaces in the previous pipeline stages, the functional

units now take an active role, requesting the required register data from the register bank.

The read request is made through the req_reg / ack_reg handshake signals. Bundled with

this request are the register addresses reg_A[7:0] and reg_B[7:0], and the associated

enable signals en_A and en_B which indicate whether a read is required or not. As

mentioned in the description of the register bank, a request must always be made even if

no data is required, to allow synchronisation of read requests and the load / store process.

It is intended that, at the same time as the register read is being performed, the opcode

configuration memory is read. The configuration data can then be passed locally to the

next pipeline stage, to meet with the data arriving from the register read.

8.1.4 Execution stage

At the input to the execution stage, data arrives from the register bank on op_A[15:0] and

op_B[15:0], bundled by the handshake op_req / op_ack. Internally, other data from the

register read stage such as configuration and enable signals will also arrive. Once the

required data arrives, a number of different events are initiated in parallel, but only two

have external interfaces.

Each functional unit may potentially drive either the GIFU or LIFU buses, and it is

necessary to ensure that the bus has been correctly driven before any data is read from it.

However, it is desirable that the processor should not deadlock if an incorrect

configuration causes no functional units to drive the buses when one of them wishes to

read it. To avoid this problem, each functional unit asserts its validity indication
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(gifu_valid_out) either when it has correctly placed a value on the buses, or if it will not

be placing a value on either of the buses. A receiving device checks the state of all of these

signals (gifu_valid[3:0]) and only proceeds once they have all been asserted. This means

that in an error condition, an undefined value will be read from the bus (whatever value

the weak bus keepers are currently maintaining) but the processor will not enter a

deadlock condition.

As one part of instruction execution, the functional unit can request a writeback of data to

the register bank. This is performed using wb_req / wb_ack, with the data and address

bundled on wb_data[15:0] and wb_reg[7:0].

Once all components of execution have completed, each functional unit indicates this fact

by asserting op_done. These signals converge at the load / store unit, where another

synchronising step is made: only when all of the op_done signals have arrived does it

respond with next_op to allow the execution stage to proceed to the next instruction. This

interaction is necessary to allow stores to be safely performed from the GIFU. Since the

functional units are usually performing similar operations which are begun at similar

times, this synchronisation only marginally reduces efficiency due to idle functional units.

8.2 Functional unit implementation

A top-level representation of the functional unit implemented for CADRE is shown in

Figure 8.2. The functional unit is divided into four main components: the multiply-

accumulate unit (mac_unit) where arithmetic and logical operations are performed, the

operand decode stage which selects and processes incoming index register values and the

data from the operand memory, the pipeline boundary between the index substitution and

register read stages (regrd latch), and the two configuration memories which also contain

an internal pipeline stage.

During the decode pipeline stage, the operand configuration memory is read by

nreq_operand / ack_operand. Once read, the data is latched at the output and a request is

issued on to the operand decode unit.
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When valid index registers arrive, signalled by nreq_op, the appropriate values are

selected by the operand decode unit, and the register selections and various components

of the operand configuration word are passed to regrd latch with a request on rout_opdec.

When the data is captured at the register read boundary, ack_op is issued which allows the

next instruction to enter the index substitution pipeline stage and the operand

configuration memory.

From the latch at the entry to the register read stage, operation diverges. Firstly, the

register request is sent to the register bank. Secondly, the opcode configuration memory

is read. Along with the configuration data, the various enable signals and any immediate

data are latched at the entry to the MAC unit. Once the requested data arrives back from

the register bank, execution can begin. After execution has completed, the MAC unit

asserts op_done. On acknowledgement by next_op, the functional unit may proceed to the

next stage of operation.

Figure 8.2  Top-level schematic of functional unit
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8.3 Arithmetic / logical unit implementation

The arithmetic / logical unit (mac_unit) is made up of a number of blocks, which

implement the various independent functions of the unit, as shown in Figure 8.3.

Information required for the operation come bundled with handshakes from two separate

sources: setup and immediate data come from within the functional unit, while register

data comes from the register bank. It is anticipated that setup data would arrive first in an

empty pipeline, but the unit must be designed to function correctly regardless of the order

of arrival. A typical case when the pipeline is fully occupied will be that both sources of

data will be simultaneously captured as soon as the unit becomes free.

Three separate functions can occur within the unit: an arithmetic / logical operation with

the result written to the accumulators, a writeback to the register bank, and a parallel write

to the accumulators (e.g. an accumulator to accumulator move). Each of these operations

can require data from a number of sources, and the functional unit is designed in such a

way that each function can be performed as soon as the required data is available.

Figure 8.3  Internal structure of mac_unit
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However, a number of constraints must also be applied, to ensure that the accumulators

are read before they are overwritten and to allow store operations from the register bank

to be completed safely. The sequencing of events that these constraints impose are

summarised by Figure 8.4. Some orderings always hold, indicated by solid lines, while

those indicated by dotted lines indicate possible sources of data required by a particular

instruction: for example, an arithmetic operation using the shifted accumulator

shacc[39:0] must wait until the shifted value has been produced.

Before any operations may take place in the functional unit, the setup information

specifying the operations must arrive. As soon as this has happened, the two accumulators

specified in the instruction are read and latched at the acc and shacc ports of the

accumulator bank (in the current implementation, two values are always read). This read

must occur before any operation that could overwrite the contents of the accumulators.

Figure 8.4  Sequencing of events within the functional unit
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Once the accumulators have been read, the shifted form of shacc may be generated: the

time required is dependent on the shift being performed, with shifts of up to one place

taking less time than all other shifts.

If the accumulators are the sources for the arithmetic / logical operation or the parallel

write to the accumulators, these may now proceed. For any other source, it is necessary to

wait for the data from the register bank to arrive. Writebacks to the register bank and

driving of the GIFU / LIFU must also wait for the request to arrive from the register bank,

to ensure the sequences of events required for store operations.

Once all three operations have completed, the functional unit requests to proceed to the

next operation. Once this is granted, the GIFU / LIFU drive is removed and the functional

unit re-enters the idle state.

8.3.1 Arithmetic / logic datapath design

A simplified diagram of the structure of the arithmetic / logic datapath is shown in Figure

8.5. The datapath consists of two separate pathways for arithmetic and logical operations.

Multiplication is always unsigned when using sign-magnitude number representation.

The multiplier takes two 16-bit unsigned inputs and produces a redundant-representation

output, and the sign is calculated separately from the sign bit of the two products. For a

multiply-accumulate operation, the value of shacc[39:0] is added to or subtracted from

Figure 8.5  Arithmetic / logic datapath structure
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theresultof themultiplicationdependingon therelativesignsof theresultandtheshacc

value.

The redundant-representationresult from the multiplier passesto the multiplexer /

rounding stage.Dependingon the operation, this selectseither the outputs of the

multiplier or thea andb inputsto bepassedto theadder,with anappropriateoffsetadded

if rounding is to be performed.

Theadderis usedto convertthe redundantresultfrom themultiplier backto a positive

binaryvalue,or to performadditionandcomparisonoperations.It is designedsothatthe

result is alwaysa positive binary, as is requiredfor sign-magnituderepresentation.A

negative result is indicated by a separate output.

Thelogic unit performsthestandardbitwiselogicaloperations(AND, OR,XOR). It also

containshardwareto computethe Hammingdistancebetweenthe two inputs, and to

calculatea normalisationfactor by which an input needsto be shifted to give a result

whose magnitude is normalised between 0.5 and 1.0 (‘1’ in bit position 30).

At theoutput,theresultfrom thearithmeticor logic functionis selected.If theinstruction

indicatesthat theconditioncodesareto beupdated,theresultis evaluatedto determine

any changes required.

Multiplier Design

As mentionedin the introduction,multiplication can be thoughtof as a successionof

shiftsandadds.Therearetwo basicapproachesto speedingaparallelmultiplier: reducing

thenumberof additionsthatmustbeperformed,andreducingthetime takento perform

each addition.

• Reducing the number of additions

A 2s complement number can be written as:

A 2
n 1–

–( )an 1– 2
i
ai

i 0=

n 2–

∑+=
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Eachadditionof a powerof 2 correspondsto a shift andadditionof the multiplicand.

Booth [78] proposedan algorithmwhich reducesof the numberof shifts andaddsby

replacingstringsof 1sand0sin themultiplier. A morepracticalform of thealgorithmto

implementin VLSI only looks at stringsof threebits at a time, and is known as the

Modified Booth algorithm. In this form, the multiplier value is rewritten as:

In this form, the numberof additionsis reducedby half. As well asbeingshifted,the

amountto beaddedis multipliedby thevalue whichbelongsto thedigit set{-2, -1, 0,

1, 2}.

Whendealingwith unsignednumbers,themodifiedBoothalgorithmmaystill beused.

However,theassumedcomponent is incorrect:to counteractthis,a value

of  must be incorporated into the summation.

• Speeding the addition process

As discussedpreviously,the aspectof binary addition that requiresthe most time to

complete is the resolution of carries: this is becausethe carry output of the most

significantbit candependon the stateof the leastsignificantandall intermediatebits.

However,it is possibleto deferthe resolutionof thesecarriesby exploiting redundant

representations for the intermediatevalues[68] [69]. Theseallow summationsto be

performedwith carry propagationlimited to a singlebit position.Two main forms of

redundantrepresentationhave been used in the design of multipliers: carry-save

representation, and signed-digit representation.

Carry-saverepresentation,asthenamesuggests,involvesbringingthecarrygeneratedat

eachbit position of the adderout as a separateoutput. This effectively producesa

redundantrepresentationusingtwo bitsateachpowerof 2 whichrepresentavaluein the

digit set{0,1,2}. A full addercircuit usedin a carry-saveadderhasthreeinputsandtwo

outputs,andamultiplier basedaroundthistypeof carry-savearrayis knownasaWallace

tree multiplier. By allowingonelevelof internalcarrypropagation,thenumberof inputs

A 2
n 1–

–( )an 1– 2
i
ai

i 0=

n 2–

∑+ 2
2i

a2i 1– a2i 2a2i 1+–+( )
i 0=

n
2
--- 1–

∑ 2
2i

ki
i 0=

n
2
--- 1–

∑= = =

ki

2
n 1–

–( )an 1–

2
n
an 1–



8.3 Arithmetic / logical unit implementation

Chapter 8:  Functional unit design 187

canbeextendedto produceacarry-savecountercircuit with 4 inputsand2 outputs.This

has favourable properties for VLSI implementation, as it has a binary tree structure.

As with thecarry-saverepresentation,signed-digitrepresentationusestwo bitsperpower

of two. However, in this case the digit set representedis {-1,0,1}, with one bit

correspondingto +1 and the other correspondingto -1. Strictly speaking,the carry

generatedcan propagateby two places:however,it is possibleto designthe addition

circuit so that no further processingof the carry occursafter the first place[77]. High

speedmultipliers have beenimplementedusing this type of representation,with 4:2

compression giving good layout properties.

• Choice of multiplier structure

A disadvantageof using the modified Booth algorithm when using 2s complement

numberrepresentationis thatgenerationof thenegativemultiplesof eachpartialproduct

requiresign extension.This requiresadditionalareato addthe sign extensionbits, and

causesunwantedswitchingactivity within the compressiontree[147]. It is possibleto

reducethenumberof sign-extensionbits thatmustbegeneratedusingthemodifiedsign-

generatetechnique;however,Boothcodingcanstill causeundesirableswitchingactivity

due to the race condition betweenthe coding of the multiplier and arrival of the

multiplicand value.

Thedifficulty in generatingnegativevaluesfor theBoothalgorithmis eliminatedwhen

usingsigned-digitrepresentation:generatingpositiveor negativemultiplesis performed

by routing the multiplicand to the positive or negative input of the signed-digit

compressor,andsettingtheotherinput to zero.Thecircuit usedto performthis function

is shown in Figure 8.6.

The input signalsone and two are mutually exclusive,and selecteither the shifted

multiplicandbit bsh or theunshiftedmultiplicandbit b to performthemultiplicationby

two or one.To preventactivity ontheinputbusb[39:0] from causingpowerconsumption

in thecompressiontreeandto exploit correlationsbetweensuccessiveinputsfully, it is

desirableto latch the partial productvaluesat the input to the tree. This function is

incorporatedinto thepositive/ negativemultiplexingcomponentof thecircuit: whenthe
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multiplier value has been processed, neg and nneg or pos and npos are asserted to switch

on the appropriate transmission gate, along with en_mult to clear the other output.

Between operations, the weak feedback inverter maintains the value stored at the output

of the transmission gate. This method for generating the partial product values also avoids

unnecessary activity caused by the race between the multiplier and multiplicand.

The signed digit adder circuit used to implement the compression tree was based on that

proposed in [77]. However, instead of the proposed static CMOS implementation, a pass-

transistor based implementation has been developed, with the aim of producing a more

regular layout.

The compression tree of the multiplier has the structure shown in Figure 8.7. The first 4

stages combine the partial products produced by the Booth coding. The final stage

combines this value with the offset required for unsigned operation and any accumulation

value to be added to the product.

Figure 8.6  Signed digit Booth multiplexer and input latch
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Input Multiplexer and Rounding Unit

An important part of DSP operation is rounding, to minimise the error when converting

from the 40-bit extended precision accumulator quantities back to the 16-bit register and

memory precisions. This is performed by adding 0.5 LSB, and truncating the result to 16

bits. All of the arithmetic operations (add, multiply and multiply-accumulate) support

rounding. Since this is effectively another addition, it can be performed using the same

type of redundant signed digit adders that are used for the multiplier, as a pre-processing

step before the final adder.

One drawback of using sign-magnitude numbering is that it is necessary to make the sign

of the value to be added the same as the sign of the final result: in 2s complement

representation, the same value can be added regardless of the sign (although problems of

bias in rounding exact half values do then occur). Since the sign of the result is not known

before the result is calculated, rounding operations speculatively add a positive value. If

the final result proves to be negative, the addition is repeated with a negative value. The

extra addition should only be necessary in about half of the cases, and rounding is a

relatively infrequent operation that is only performed at the end of processing a block of

data.

Figure 8.7  Multiplier compression tree structure
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Before the rounding is performed, the appropriate values are multiplexed onto the inputs.

For a multiply or MAC operation, the redundant output is fed directly to the redundant

adder performing the rounding. For an addition, the input values (a[39:0] and b[39:0])

are fed to the redundant adder. Because these numbers are in sign-magnitude form,

different operations must be performed depending on the relative signs of the inputs. If

the signs of the inputs are the same, then addition is performed. a[39:0] is fed to the

positive input of the redundant adder, while b[39:0] is negated and fed to the negative

input. If the signs of the inputs differ, then subtraction is performed. a[39:0] is again fed

to the positive input of the redundant adder, while b[39:0] is this time fed directly to the

negative input.

Add with carry is also implemented by this stage. Sign-magnitude representation makes

the meaning of carry out differ from conventional meaning in 2s complement

representation. Positive and negative carries are possible, with the decision being based

on the sign of the result that set the carry flag. The redundant adder used to perform

rounding also adds these carry values.

Adder Design

The adder takes the redundant value from the output of the rounding unit, and converts it

back to binary form. Parhi [145] proposes a class of multiplexer-based adders which

convert from this redundant form back to binary, and presents a methodology for selecting

the architecture that consumes the least power for a given delay.

In this case the objective was to achieve the minimum delay since the multiply operation

is on the critical path of the processor. A 3-way carry resolution circuit (considering carry

signals from 3 bit positions) has been developed as part of the AMULET3 processor

[125]. Not only is this circuit very fast, it also resolves 3 carry inputs per stage rather than

2. This means that only 4 carry resolution stages are required, rather than the 6 stages

required if 2-way resolution is performed. The only drawback is that the circuit is pseudo-

dynamic and requires a precharge phase, causing undesirable power consumption.

However, since layout cells for the adder were available and time was limited, this was

felt to be a reasonable compromise.
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The redundant-representationinput to the adderconsistsof the positive and negative

components:thenegativevalueis invertedto producea2scomplementinputto theadder.

Theinputvaluesareconvertedinto carrygenerateandkill signalsfor carryresolutionand

at the sametime the inputsareXORedto producethe sumat eachbit positionbefore

carriesaredetermined.The carry resolutiontreethencalculatescarry generateandkill

signals at each bit position.

The adderperformsthe operation by performing , with the onebeing

addedusingthecarryinput.Theresultof this operationmaybea positiveor negative2s

complementnumber.However,sign-magnitudenumberingrequiresapositiveresultfrom

the adder.This is achievedby ‘late negation’of the result; inverting the sumwithout a

carry input to give .

Thegenerateand¬kill (not kill) signalsafterthefinal stageof carryresolutioncorrespond

to the carry input at eachbit positionfor zeroandonecarry input respectively.A high

valueof generateindicatesthatthisbit hasacarryin regardlessof thecarryinto theleast

significant bit. A high value of ¬kill indicatesthat either a carry hasbeengenerated

affecting this bit position, or that carriesare propagatedall the way from the least-

significantbit. Thismeansthatthegenerateand¬kill valuesat theendof carryresolution

maybeusedto calculatethesumeitherwith or without a carryinput,asrequiredby late

negation.

Figure 8.8  Late-increment adder structure
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A carryoutputfrom themost-significantpositionindicatesthattheresultwaspositive.In

this casethesum is performedasnormal:theoutputis producedby XORing

thesumat eachbit positionwith the¬kill values,theresultcorrespondingto thatwith a

carry into theLSB of 1. However,if no carryoutputis generatedthentheoutputof the

adderis negative,andmustbenegated.In thiscase,theoutputis producedby XNORing

the sum at each bit position with the carry generate signal.

In bothcasestherefore,theresultis a positivevalue.Thesignof theresultis determined

by consideringthesignof theinputsandwhethertheoutputof theadderwasnegatedor

not.

Logic unit design

Thestructureof thelogic unit is shownin Figure8.9.OtherthantheconventionalAND,

OR andXOR operations,this unit canalsocalculatetheHammingdistancebetweenthe

inputs, and the shift required to normalise thea input.

• Distance calculation

Thedistancemetric is calculatedby first XORing the two inputstogether,to determine

thosebits which differ. Theresultthenpassesto a bit counter,implementedby a treeof

3:2and4:2carry-savecounters,whichcountsthenumberof ‘ones’.Thecarry-saveoutput

Figure 8.9  Logic unit structure
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of thiscountertreeis thenconvertedto binaryusinga5-bit ripplecarryadderto give the

total number of differing bits.

• Normalisation

Thenormalisationfactoris simply thenumberof bitsbetweenthemost-significantsetbit

of the input andthenormalisationposition(bit 30). To calculatethenormalisationshift

distanceanddirection,thea input is pre-processedto convertall of thebits betweenthe

most-significantbit of theinput andthenormalisationpositionto ‘1s’. All otherbits are

forcedto zeroby thepre-processingstep.Theresultof this processis thenpassedto the

same bit counter used for distance metric calculation.

Thedirectionof shift is determinedby whethertheextensionportionof theinput(bits31-

39) aresetor not.Thedirectionis appendedto theresultasthesign,to beusedin a shift

instruction.To distinguishbetweenthe input casesof zero and an already-normalised

value,whichwouldotherwisebothproduceazeroresult,anon-zeroinput is indicatedby

settingbit 6 of the result.This doesnot affect the subsequentshift operation,as this

depends only on bits 0-5, but causes the zero flag to be cleared.
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Chapter 9: Testing and evaluation

As discussedin Chapter4, the design flow for CADRE involved the progressive

replacementof C models with circuits. At the time of writing, all of the datapath

componentsof the processorhavebeendesignedasgateor transistor-levelschematics.

Themajority of thecontrolcircuitshavealsobeenmappedontoschematics.Thecontrol

circuits in the functionalunits, registerbank,configurationmemories,indexgeneration

units, fetch unit and instructionbuffer are all fully representedby schematics.In the

decodestage,the control circuits in the first stageof decoding(involved with all

operations)havealsobeenmapped.Thedesignin its currentstatecontainsover750,000

transistors.

Thecontrolcircuitsthatremainin theform of C modelsarethoseassociatedwith control

andsetupinstructions,andthosein theload/ storeunit. It is felt thattheabsenceof these

controlunitswill not affect theoverallpowerconsumptionvery muchastheseareused

relativelyinfrequently.Furthermore,whereacontrolcircuit drivesasignificantload(and

therebymay consumesignificant amountsof power), buffers are placedbetweenthe

control circuit and the load. The power consumedby the buffers will be accurately

reported, and the ‘missing’ power should be small in comparison.

9.1 Functional testing

Before performancecould sensibly be evaluated,it was necessaryto test that the

processorwasfunctioningasexpected.To this end,a setof programswasdevelopedto

perform tests of incrementingcomplexity. These tests were not intendedto be of

production level, but were intendedinsteadto give reasonableconfidencethat the

processorwasoperatingasintended;particularlyfor thetasksthatwould berequiredby

latertests.Thesetof testsandtheir functionsarelistedin Table9.1.Testswererunusing

theTimemill simulatoronnetlistsextractedfrom theschematics.Theenvironmentof the

DSP(programanddatamemories,andcontrolsignals)wasemulatedusingC behavioural

models.At theendof simulation,thecontentsof thememoriesweredumpedto files, and

theoutputcheckedwith theexpectedresults.Forthemorecomplextests(fir20, mmfft64)
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the expectedresultswere generatedby using C implementationsof the algorithms,

designed to mimic the arithmetic precision and rounding functions of CADRE.

Name Function

store0 Checks parallel execution and store to memory.

store1 More complex test of stores.

store2 Test of store long from registers.

store3 Test of store long from GIFU.

store4 Mixed GIFU / register store.

load0 Tests short load to registers.

load1 Tests long load to registers.

load2 Tests combined load and store.

areg0 Tests basic moves to address registers and immediate adds.

areg1 Tests basic address register updating.

ireg0 Tests move-multiple to index registers, and use of index regis-
ters as specification for writeback target and store source.

ireg1 Testsindex registerupdating,anduseof index registerto spec-
ify load destination.

branch0 Basic test of JMP instruction.

branch1 Basic test of JSR and RTS.

branch2 Basic tests of BRACC, with NV / AL conditions.

branch3 Basic test of BSRCC with NV/ AL conditions.

do0 Tests simple immediate DO, use of circular buffers andnfirst
condition for store.

add Simple test of ADD operation and limiting.

mult Simple test of MPY functions.

logsh Test of logic functions and shifting.

minmax Test of MAX and MIN functions, and condition code setting.

divide Test of Newton-Raphson division algorithm used in the Schur
recursion section of the GSM speech coder.

fir20 Twenty-point FIR filter run on a block of 80 random samples.

mmfft64 64-point complex FFT.

schur Schur Recursion from GSM speech coder.

Table 9.1: Functional tests on CADRE
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9.2 Power and performance testing

Once correct operation of the CADRE had been established, it was possible to perform

tests to establish the performance of the DSP in terms of power consumption and

processing throughput. This was performed using three test algorithms: a 20 point FIR

filter, a 64-point complex FFT and the preprocessing and linear predictive coding (LPC)

analysis section of the GSM full-rate speech compression algorithm. The FIR filter and

FFT each processed 256 data samples, while the LPC analysis algorithm was performed

on a GSM data frame of 160 samples. To evaluate the impact of data characteristics on

power consumption, the FIR filter and FFT algorithms were run separately on random

data and speech data (extracted from the ETSI speech test sequence used for testing GSM

codecs). The LPC analysis algorithm was run only on speech data.

The Powermill circuit simulator was used to run the tests: this has the same timing

accuracy as Timemill, and also records power consumption. Powermill is claimed to be

close to SPICE in its accuracy, at a fraction of the computational load. Power

consumption probes were assigned in a hierarchical manner, to provide a breakdown of

the power consumed by the various segments of the design.

In a complete system, the memory power consumption may be a significant proportion of

the total power consumption. In the simulations, the memories were implemented using

C behavioural models. To estimate memory power consumption, the models were

designed to report power consumption to the simulator during each read or write access,

so as to consume a fixed amount of energy for each operation. The energy per operation

was estimated at 0.67nJ, which was based on measurements of power consumed by the 8

kilobyte RAM block of the AMULET3i asynchronous embedded island [148].

9.2.1 Recorded statistics

A number of C models were included in the simulation for the purpose of monitoring

various aspects of the operation of CADRE. The collected statistics were used as an aid

to assessing performance of the device as a whole, and estimating the impact of the

various architectural features.
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Operating speed and functional unit occupancy

To monitor the rate of parallel instruction issue and level of activity of the functional

units, a C model was designed to monitor the req_op / ack_op handshake to the functional

units, along with the 4 bundled en_op signals. On the first handshake, the start time was

recorded. On all subsequent handshakes, the number of parallel instructions per second

were recorded, and the enable signals to the functional units were used to calculate and

record the number of actual operations performed per second. These figures measure the

actual performance including overheads such as setup instructions.

Memory and register accesses

The C model for the memory models was designed so that details of each memory access

were recorded to a log file. Similarly, a C model was written to monitor register bank

accesses and write details to a log file. Not only did this allow the number and type of

accesses to be analysed after a simulation, it also allowed graphical monitors to be written

(using Perl with Tk graphical extensions) allowing the contents of the registers and

memory to be viewed during simulation, which aided debugging of algorithms.

Instruction issue

To allow the effect of the instruction buffer to be assessed, a C model was designed to

monitor instructions arriving from the buffer at the decode stage. The number of decoded

instructions was counted, and could be compared with the number of instructions fetched

from program memory.

Address register and index register updating

C models were written to monitor the number and type of updates performed on the

address and index registers. This allowed the relative number of address and index

register updates to be assessed and, by combining these with the power consumption

figures, the benefit gained from using the index registers to be estimated.
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Register read and write times

To evaluatetheeffectivenessof thesplit registerfile architecture,timing informationwas

collectedfor readsandwrites to the registerbank.C modelswerewritten to recordthe

time requiredto performa writebackto theregisterfile, andto recordthetime required

to performreads.Thewritebacktimewasmeasuredasthetimetakenfrom thestartto the

finish of the write requesthandshakeat eachof the write ports. The read time was

measuredateachactivereadport,asthetime takenfrom theassertionof thego signalto

thecompletionof all thereadrequestsat thatport.For thepurposeof testingtheregister

bank,two additionaltestprogramswereexecuted.Thesetestsperformedreadsandwrites

respectively with varying degrees of contention for a single sub-bank.

9.3 Results

9.3.1 Instruction execution performance

Operatingspeedresultsfor the threealgorithmsareshownin Table9.2.This showsthe

rateof issueof parallelinstructions,theoperationratewithin thefunctionalunits,andthe

averageproportion of the functional units which are occupied for each parallel

instruction.

The instruction rate is the measuredrate of dispatchof parallel instructionsto the

functionalunits.This valuedependson how manycontrol / setupinstructionshadto be

insertedbetweenparallel instructions,and also on how quickly register readsand

arithmeticoperationscompleted.The arithmeticoperationrate is the measuredrateof

arithmeticoperationswithin the functionalunits,which dependson the instructionrate

and the occupancy (how frequently each functional unit is used in parallel instructions).

Test Instruction
rate

Arithmetic
operation rate

Occupancy

FIR filter 43MHz 163MOPS 95%

FFT 38MHz 141MOPS 93%

LPC analysis 34MHz 117MOPS 86%

Table 9.2: Parallel instruction issue rates and operations per second
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It can be seen that the operation rate for the FIR filter exceeds the 160 MOPS target: the

FIR filter kernel is extremely efficient, without any setup code required once the kernel is

underway. The FFT algorithm is somewhat less efficient, requiring changes to the index

and update registers between successive passes of the FFT kernel. Since the speed of

arithmetic operations is not data dependent, the same operation rates were observed for

both speech and random data. The GSM LPC analysis program is the least efficient, as

the test involves a number of separate algorithms applied sequentially which require setup

instruction between each pass. Also, some of the algorithms cannot be partitioned easily

across the functional units. This is evident in the reduced utilisation figure.

9.3.2 Power consumption results

Average power consumption for each of the algorithms is shown in Table 9.3. The run

time over which power consumption is measured extends from the moment that the reset

signal is removed to the time that the nHalt signal is asserted. The average power figures

measured include the period when the configuration memories are being written to

immediately after reset. The average power during the configuration process will be low,

and will cause the reported average power to be less than the average power when actually

performing arithmetic processing. Two different techniques have been used to calculate

metrics for energy per arithmetic operation from the power consumptions, which deal

with this error in different ways and allow bounds on the true figure to be set.

The first technique, used to calculate the bulk of the figures in Table 9.4, is to use the

measured figures for operating speed, and to divide the power consumption by the number

of operations per second. This measure incorporates the energy consumed by control and

setup instructions during kernel execution, but does not take into account the reduced

power consumption during the configuration period. This metric will therefore be an

FIR FFT GSM

random speech random speech

Power consumption 668mW 584mW 676mW 660mW 406mW

Run time (µs) 38.9 38.5 32.7 32.5 16.1

Arithmetic ops. 5888 5888 4100 4100 1288

Table 9.3: Power consumption, run times and operation counts
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underestimateof thetrueenergyconsumedduringoperation,butwill asymptoticallytend

towardthecorrectvalueastherun time is increasedandthekernelpowerconsumption

comesto dominate.Thefiguresdisplayedarerounded(someto zero),leadingto a slight

discrepancy for the totals which are calculated from unrounded values.

The secondtechniqueis to calculatethe sum total of energyconsumedduring the

simulation,by multiplying theaveragepowerconsumptionby therun time. Theenergy

peroperationcanthenbefoundby dividing the total by thenumberof operations.This

will be an overestimateof the true energyper operationwhenrunningthe kernel,asit

includes the energy for the configuration processwhich would normally only be

consumedonce,and is markedas ‘worst-case’in Table9.4. However,this result also

asymptoticallytendstowardthetruevalueastheruntime is increased.TheLPCanalysis

algorithmhastheshortestprocessingtimecomparedto theconfigurationtime,leadingto

a largerdifferencebetweenthe higherandlower estimatesthanobservedfor the other

benchmarks.

FIR FFT GSM Avg. % total

random speech random speech

Instruction fetch 0.00 0.00 0.01 0.01 0.01 0.01 0.2%

Instruction decode 0.02 0.02 0.03 0.03 0.04 0.03 0.7%

Data memory 0.03 0.03 0.08 0.08 0.03 0.05 1.2%

Program memory 0.02 0.02 0.1 0.10 0.14 0.08 1.9%

Instruction buffer 0.06 0.06 0.1 0.10 0.11 0.09 2.1%

Index update 0.10 0.1 0.11 0.11 0.05 0.09 2.2%

Address update 0.17 0.17 0.22 0.22 0.33 0.23 5.4%

Register bank 0.34 0.32 0.5 0.50 0.15 0.36 8.7%

Config. memories 0.94 0.94 1.02 1.03 0.89 0.96 23.2%

MAC units 2.33 1.81 2.43 2.31 1.58 2.09 50.5%

Remainder 0.12 0.12 0.21 0.21 0.14 0.16 3.9%

Total 4.2 3.6 4.8 4.7 3.5 4.2

Total (worst-case) 4.4 3.8 5.4 5.2 5.1 4.8

Table 9.4: Distributions of energy (nJ) per arithmetic operation
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It is easier to see the distribution of energy to the various portions of the processor from

Table 9.4 when it is shown graphically as in Figure 9.1. It can be seen that the dominant

sources of power consumption are the multiply-accumulate units, and a breakdown of the

power consumption within one of them is depicted in Figure 9.2. The multiplier

dominates, followed by the adder, as might be expected. The next most significant source

of power consumption is the input multiplexer / rounding unit at the input to the adder:

this is somewhat unexpected, as this implements only a small amount of functionality, and

the adder does not present a very heavy load on this unit. This is due to the multiplier

compression tree is producing a large number of spurious transitions when summing the

partial products, causing the increased activity and relatively high power consumption

within the rounding unit.

Figure 9.1  Average distribution of energy per operation throughout CADRE

MAC units: 51%

Remainder: 5%

Config memories: 23%

Data memory: 1%

Instruction buffer: 2%

Register bank: 9%

Address update: 5%

Index update: 2%

Program memory: 2%
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9.3.3 Evaluation of architectural features

Register bank performance

• Read timing

Asstatedearlier,testswereperformedbyvaryingthenumberof differentcontendingread

requeststo a sub-bank.Themaximumreadtimesrequiredto accessdatain eachcaseis

shownin Table9.5.Theresultsdemonstratethatthefirst readcycletakesplacequickly,

within 5ns.Subsequentreadcyclesareslower,takingbetween7-8nsto complete.This is

becausethe req_eval / ack_eval cyclemustbecompletedbeforeanotherreadcyclecan

bestarted,while thedatafrom thefirst readcyclecanbecapturedassoonasthereq_eval

signalhasbeenissued.Thefigurespresentedarefor thetimetakentoperformthelastread

cycle:otherrequestswill beservicedin earlierreadcycles,andwill takeproportionately

less time.

Figure 9.2  Breakdown of MAC unit power consumption

Multiplier: 32%

Adder: 23%

Mux / round: 15%

Accumulators: 10%

Logic / conditions: 7.0%

Control unit: 3%

Remainder: 10%
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• Write timing

The measuredworst casewrite cycle timesfor eachlevel of conflict areshownin the

right-handcolumnof Table9.5.It canbeseenthatthetimeperwrite doesnot increasein

proportionto the numberof writes, with the incrementalincreasereducingsomewhat.

This is dueto otherrequestspropagatingfurther throughthe arbitertreewhile the first

write requests are serviced, reducing subsequent write times.

• Performance for DSP algorithms

Theaverage,minimum andmaximumreadandwrite cycle timesfor thedifferentDSP

algorithmsareshownin Table9.6.It canbeseenthat,in all cases,theaveragereadtime

is closeto the minimum readtime which illustratesthe efficient performanceof this

asynchronous system.

The FFT hasthe worst readperformanceas it is difficult to scheduleall of the read

requestsso that they do not conflict, due to the bit-reversedaddressing.However,the

averagecaseperformanceis still lessthantwice theminimumcase,andis substantially

lessthanthe targetcycle time of 25nsdespitethepathologicalcaseshavingthehighest

read time.

TheFIR filter algorithmcouldbeexpectedto alwayshavegoodperformance,sinceit can

be designedso that no conflicts occur.However,when the buffer size is not an even

Numberof requests
per bank

Read cycle
time

Slowest write
access time

1 5ns 10ns

2 12ns 18ns

3 19ns 26ns

4 26ns 32ns

5 34ns

6 41ns

7 48ns

8 55ns

9 69ns

Table 9.5: Read and write times with different levels of contention
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multipleof 4 (asis thecasehere,dueto thewayin whichtheparallelismis implemented)

thereareboundarycaseswherethesequentialorderingbreaksdown.This,combinedwith

additional delays due to store operations, leads to the higher maximum read time.

TheGSMLPCanalysiscodedemonstratesthebestaverageandmaximumreadtime.The

code has,at worst, two read cycles requiredwhen implementingthe autocorrelation

portion of the algorithm.

In all cases,theaveragewrite time is very closeor identicalto theminimumvalue.The

FFTandtheFIR filter algorithmssuffersimilardifficulties in theirwrite accessesasthey

do for their readaccesses.By contrast,the LPC analysisalgorithm neverexperiences

write contention:the highermaximumwrite time is solely dueto the worst-casedelay

through the writeback arbiter tree.

• Power consumption results

Energyconsumptionfiguresperparallelinstructionwhenrunningthetestalgorithmsare

given in Table9.7. Figuresarepresentedfor the whole systemandfor just the register

bank.Thesimulationsdonottakeinto accountcapacitancesdueto interconnections,with

theoverheadof theswitchingnetworkbetweentheportsandthesub-banksrepresenting

thegreatestload.However,for eachoperationonly onepathis drivenfrom eachport to a

singlesub-bank,andnormally-closedoperationof latchesareusedto avoid unwanted

transitions from propagating across the network and out through the read ports.

The numberof registerbankaccessesaremeasuredat the sub-banks:this meansthat,

wherea numberof readports requireaccessto a single register,only a single readis

recorded.This canleadto an underestimateof the total numberor readsrequiredby a

Algorithm
Read times Write times

Min Max Avg Min Max Avg

FIR filter 5ns 35ns 7ns 9ns 16ns 10ns

FFT 5ns 42ns 9ns 9ns 24ns 10ns

LPCanalysis 5ns 12ns 5ns 9ns 11ns 9ns

Table 9.6: Register access times for DSP algorithms
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particularalgorithm,but doesgive a faithful indicationof theenergycostof performing

read cycles.

• Effect of split register architecture

It canbeseenthat,averagedoverthedifferentruns,theregisterbankconsumes9%of the

totalenergyperoperation.Theregisterbankconsumesdecreasingamountsof energyper

accessfor theFFT,LPCanalysisandFIR filter algorithmsrespectively:thiscorresponds

to how efficiently the algorithms make use of the register sub-bank interleaving.

If it is assumedthatpowerconsumptionof registerbanksincreasesin proportionto the

squareof the numberof ports as suggestedin [142], then the averagepower for a

conventionalmultiported implementationcould be greaterby a factor of 64 than the

interleavedschemepresentedhere: the registersub-bankshaveonly 2 ports, while a

unified implementationwould require16 ports.This givesan indicationof how much

benefit can be obtained from using the proposedarchitecturerather than a direct

multiportedregisterbank.Thebenefitwill belessthanthefactorof 64 implies(although

still significant)asthequadraticassumptioncanbeconsideredan ‘upper limit’ andthe

figurestakenoaccountof thewiring capacitanceof theswitchingnetworksfor readsand

writes.

Whenthenumberof accessesto memoryarecomparedwith thenumberof accessesto

the registerfile, thebenefitof usingthe registerfile becomesclear:the registerbankis

Algorithm Total energy

Register bank Data memory

Energy
per instr.

Accesses
Accesses
per instr.

Energy
per access

Accesses

FIR filter (random) 4.15nJ 0.34nJ 11620 1.9 0.18nJ 556

FIR filter (speech) 3.59nJ 0.32nJ 11620 1.9 0.17nJ 556

FFT (random) 4.81nJ 0.5nJ 8032 1.8 0.28nJ 1096

FFT (speech) 4.84nJ 0.51nJ 8032 1.8 0.28nJ 1096

LPC analysis 3.47nJ 0.15nJ 1004 0.7 0.21nJ 180

averages 4.17nJ 0.36nJ - - 0.22nJ -

Table 9.7: Energy per parallel instruction and per register bank access
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accessed between 6 and 21 times more frequently than the memory, and the register bank

consumes on average 3 times less energy per access than the memory system.

A direct comparison of power consumption with and without the register bank is difficult:

the lack of a register bank would require a radically different system architecture and

programming style, but it is likely that the net effect would be for the memory system to

consume still more energy per access. Also, the size and location (and hence energy

consumption) of the memory system will be very dependent on the type of system into

which CADRE is incorporated.

Overall, it is clear that the choice of a register bank and its architecture in CADRE

contributes significantly to the power reduction. The DSP architecture is heavily

optimised to reduce power consumption, so the fact that data accesses (including those to

main memory) only make up around 10% of the total system energy per operation

indicates how effective the register file architecture is. The proportion of the power

consumption is half of the 20% of power dissipated by data accesses in the Hitachi DSP

for which a similar breakdown is available [136]. In a full layout simulation, the effects

of the interconnections will increase the proportion of power consumed by the register

bank somewhat. However, the power consumed by the rest of the system will also

increase, particularly the cost of accessing the data memories.

Use of indexed accesses to the register bank

The energy consumptions by each update operation within the index generation units and

address generation units are presented in Table 9.8. The energy consumptions were

calculated by determining the total energy for the runtime and dividing it by the number

of updates.

The benefit of using the index registers can be seen clearly, from the number of updates

alone: between 8 and 22 times more updates are performed using the small index

generation units rather than the address generation units. An indication of the relative

costs of each update can be seen from the calculated figures. However, some caution

should be used when comparing these: the total energy calculated includes that for
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instructionswhenno updateswererequired,which causesthe energyper updateto be

overestimated.For theindexregisters,thiseffectis smallsinceupdatesoccurfrequently.

However,theaddressregistersareonly rarelyupdated,sothetotalenergyrequirementfor

each update is significantly overestimated.

Effect of instruction buffering

Resultsfor the relativenumberof instructionspassingfrom the instructionbuffer and

programmemoryarepresentedin Table9.9,alongwith thecalculatedenergyconsumed

perinstructionissuedby thebuffer.To estimatetheeffectof theinstructionbufferduring

kernel execution,the size of the configurationdatablock (which must be read from

memoryandpassedthroughtheinstructionbuffer) is given,andthenumberof executed

instructionsandinstructionsfetchedfrom memoryarepresentedbothwith andwithout

this contribution.To assessaccuratelythe energyconsumedby an instructionpassing

throughthebuffer,thetotalnumberof issuedinstructionsincluding theconfigurationdata

is used to calculate the energy.

Themeasuredenergyperinstructionpassingthroughthebuffer is between32%and45%

of theestimatedenergyrequiredto fetcha word from programmemory.Themeasured

ratio of instruction issuedby the buffer to thosefetchedfrom memory varies from

between2.7 and22. This ratio dependson how efficiently a givenalgorithmmakesuse

of theDO construct,andhowmanyinstructionsareprefetchedfrom abranchshadowand

discarded.In orderto givethemostefficientparallelmappingof theinstructions,theFFT

Algorithm Index registers Address registers

Updates Energy
per update

Updates Energy
perupdate

FIR filter (random) 6178 0.10nJ 278 3.9nJ

FIR filter (speech) 6178 0.10nJ 278 3.9nJ

FFT (random) 2620 0.19nJ 348 2.9nJ

FFT (speech) 2620 0.19nJ 348 2.9nJ

LPC analysis 579 0.16nJ 50 12.5nJ

Table 9.8: Energy per index and address register update
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algorithmcouldonly makelimited useof DO loops.Thesamewastrueto a lesserextent

of theLPC analysisalgorithm.However,theFIR filter wassufficiently regularto allow

efficient looping.

It canalsobeseenthattheenergyperinstructionis higherwhenlessefficient loopingis

possible:this is dueto the increasedenergyto write andthenreadan instructionwhen

comparedwith writing onceandreadingmanytimes.Also, for theLPC analysisresults,

the numberof configurationwords passedis large in comparisonto the total. This

obscures the effect of the DO loops to some extent.

Effect of sign-magnitude number representation

Thepowerconsumptionfiguresfor theFIR filter algorithmshowatotalreductionof 13%

whenprocessingspeechdataratherthanfull-rangerandomdata.Thefiguresfor theFFT

algorithmperformedoncomparablyscaledspeechdatashowareductionof only 1%: the

FFT algorithm is suchthat adjacentdatapoints tendnot to be processedsequentially,

reducingthe amountof correlationthat can be exploited. The energyper operation

performingtheLPC analysisalgorithmon speechareevenlower thantheenergyfor the

FIR filter or the FFT. However,a direct comparisonis impossiblebetweenspeechand

randomdatain thiscase,astheLPCanalysisalgorithmis ineffectivefor randomdataand

exits early.

Algorithm Config.
datablock

size

Instruction buffer Memory
fetches

Executed
instructions

Energy
per instr.

FIR Filter (random) 112 1746/ 1634 0.22nJ 187 / 75

FIR Filter (speech) 112 1746/ 1634 0.22nJ 187 / 75

FFT (random) 188 1633/ 1445 0.27nJ 714 / 526

FFT (speech) 188 1633/ 1445 0.27nJ 714 / 526

LPC analysis 278 684 / 406 0.31nJ 399 / 121

Table 9.9: Instruction issue count and energy per issue for the instruction buffer
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For the FIR filter, the greatestreductionin energyfor eachoperationis, as could be

expected,in themultiply / accumulateunitswherespeechdatacauses23%lessenergy

consumptionthanrandomdata.A reductionof 7.7%is causedin the registerbank.For

theFFT, thereductionsare6% and2% respectively.However,thewiring capacitanceis

not incorporatedin thesimulationsandthememoryenergyconsumptionis independent

of the datapattern.The overall differencein powerconsumptionfor a full simulation

incorporatingthesefactors,or for testsrun on a fabricatedprocessor,is likely to be

significantly greater.

9.4 Comparison with other DSPs

9.4.1 Detailed comparisons

Directcomparisonwith DSPsdevelopedby othergroupsor commercialmanufacturersis

difficult: for a fair comparison,thesamealgorithmsmustbeperformedon thesamedata

and,if architectureandcircuit structuresaloneareto becompared,on thesameprocess.

At thevery least,thesamealgorithmsmustbeexecuted.Onesuchcomparisonhasbeen

performed to evaluate the P1 test chip of the Pleiadesreconfigurableprocessor

architecture[149]. For this comparison,the chosenbenchmarkswereFIR filters, FFTs

andIIR filters. It wasdecidedto compareCADREwith thesefigures,on thesamebasis.

The P1 chip was fabricatedusing a 0.6µm process,and testedat 1.5v. To make a

meaningfulcomparison,all testsin [149] were normalisedto theseconditions.Gate

capacitance was assumed to represent circuit capacitance:

(21)

whereL is theminimumchannellength,and is thegateoxidethicknessassumedto

be proportional to the native supply voltage of the process being considered.

Delaywasnormalisedaccordingto thegatecapacitanceandthesaturationdrivecurrent:

(22)

where  is the supply voltage and  is the threshold voltage.
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The process parameters presented in the paper, and those of the 0.35µm process on which

CADRE is implemented, are shown in Table 9.10. Native is the standard supply

voltage for the process technology, while test is that used to perform the tests on

which the normalised figures are based. Energy and delay results for FIR and FFT

benchmarks are compared in Table 9.11 and Table 9.12. Energy per tap or per FFT stage

was calculated directly, by averaging the best and worst case figures for both speech and

random data and determining the number of operations required in each case. Delay for

each benchmark was calculated from the number of operations required and the average

operation speed measured for that benchmark. Although it was not stated in the paper, the

FFT benchmark appears to be for a single pass of a 16 point FFT (8 butterfly operations

per pass). The optimised FFT kernel for CADRE performs 4 butterfly operations in 6

parallel instructions.

The chosen metric for comparison is the energy-delay product. It is almost always

possible to reduce energy by reducing speed (e.g. by reducing supply voltage), but to

reduce both simultaneously requires improvements to the underlying design. For the

results presented in Table 9.11 and Table 9.12, it is clear that CADRE is very much faster

than the other processors, but does not have, on average, an advantage in terms of energy

per arithmetic operation.

Cap.
coeff.

Delay
coeff.

Processor native test

Pleiades 0.6µm 9nm 0.7V 3.3V 1.5V 1.0 1.0

StrongARM 0.35µm 6nm 0.35V 1.5V 1.5V 1.96 4.7

TMS320C2xx 0.72µm 14nm✝ 0.7V✝ 5.0V 3.0V 1.1 1.37

TMS320LC54x 0.6µm 9nm✝ 0.7V 3.3V 3.0V 1.0 1.97

CADRE 0.35µm 9nm✝ 0.7V 3.3V 3.3V 2.9 6.2

Table 9.10: Fabrication process details from [149], and those for CADRE
(estimated values marked with ✝)

V dd

V dd

V dd

Lmin T ox V th
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In the case of the FIR benchmark, the normalised energy-delay product for CADRE is a

little lower than the Texas Instruments C2xx processors, but is approximately 3 times

greater than the C54x processors and 5.7 times that of the Pleiades P1 chip.

In the case of the FFT benchmark, the normalised result for CADRE is only 1.6 times

poorer than the Texas Instruments C54x processor, and is 4.8 times better than the C2xx.

Processor Strong-
ARM

TMS320
C2xx

TMS320
LC54x

Pleiades CADRE

Delay per tap 101ns 50ns 25ns 71ns 5.8ns

Energy per tap (nJ) 21.1 4.8 2.4 0.205 4.0

Capacitance / tap (pF) 9380 530 270 91 367

Capacitance / tap (pF) @
0.6µm

16600 580 270 91 1064

Energy / tap (nJ) @ 0.6µm,
1.5v

37.4 1.3 0.6 0.2 2.4

Delay / tap @ 0.6µm, 1.5v,
Vth=0.7v

475ns 68.5ns 49.3ns 71ns 36ns

Energy*Delay per tap

(J.s.10-17) @1.5v,Vth=0.7v

1760 8.9 2.9 1.5 8.6

Table 9.11: FIR benchmark results

Processor Strong-
ARM

TMS320
C2xx

TMS320
LC54x

Pleiades CADRE

Delay per stage 4533ns 7600ns 1900ns 571ns 316ns

Energy / stage (nJ) 1040 478 197 13.3 245

Capacitance / stage (pF) 462 53.1 21.9 5.91 22.5

Capacitance / stage (pF) @
0.6µm

831 58.4 21.9 5.91 65.3

Energy / stage (nJ) @
0.6µm, 1.5v

1870 131 49.3 13.3 147

Delay / stage @ 0.6µm,
1.5v, Vth=0.7v

21µs 10.5µs 3.75µs 571ns 1.96µs

Energy.Delay per stage

(J.s.10-14) @1.5v,Vth=0.7v

3970 137 18.5 0.759 28.8

Table 9.12: FFT benchmark results
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This relative improvement indicates the advantage of the highly configurable

architecture,which allowsa very efficient partitioningof theFFT operationsacrossthe

parallel resources:the FIR filter resultsare lessgood in comparison,as it is a simpler

algorithm which under-utilises the capabilities of CADRE.

The resultspresentedfor the Pleiadesarchitectureare somewhatbetterthan CADRE,

which is to be expectedasPleiadesis moreakin to a reconfigurableASIC thana true

processor and is significantly less programmable.

Thenormalisationto 0.6µm severelyaffectsCADRE’s results:whenthis normalisation

is notperformed,theresultsof thecomparisonareverydifferent.CADREhasanenergy-

delay product which is 2.6 times lower than the TMS320LC54 for the FIR filter

benchmark and 4.8 times lower for the FFT benchmark.

9.4.2 Other comparisons

Sourcesof dataaboutotherDSPsareverymuchlesscomplete:usually,all thatarequoted

are headlinefigures for peak rate of operationand power consumption.CADRE is

unlikely to appearfavourablyin sucha comparison,sinceits performanceis bestwhen

exploiting complex algorithms as shown by the FFT benchmark.

Theoptimalenergydelayproductfor CADRE,ascalculatedfrom (21) and(22), occurs

whenoperatingatapproximately1.2v.At this voltage,theoperatingspeedis reducedby

a factorof 3.1andtheenergyperoperationis reducedby a factorof 7.6 from thevalues

measuredat 3.3v.Usingthefiguresfrom theFIR filter asthebasisfor comparisongives

a peakoperatingspeedof 55 MOPS(43MHz / 3.1 over 4 functionalunits),at a power

consumptionof 29mW (basedon the averageof the energyper operationresultsfor

randomandspeechdata).Theequivalentto theenergy-delaymetricwith thesefiguresis

milliwatts perMOP2: energyperoperationis powerdividedby rateof operation,while

delayper operationis the reciprocalof rateof operation.For CADRE, this resultsin a

figureof mW/MOP2. Therefollowsacomparisonwith thedataavailableabout

other 16-bit fixed point DSPs.

9.6 10 3–×
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OAK / TEAK DSP cores

Thedatasheetsfor theOAK andTEAK DSPcores[151], producedby DSPGroupInc.,

areimplementedon 0.6µm and0.25µm technologiesrespectively.The OAK datasheet

claimsa headlinecurrentconsumptionof 25mA at 3.3v and80MHz, correspondingto

82.5mW. This gives an energy-delaymetric of mW/MOP2. The TEAK

datasheetclaimsaheadlinecurrentconsumptionof 0.45mA/MHz,apeakperformanceof

130MHz,andaminimumsupplyvoltageof 1v:however,it doesnotstateatwhichvoltage

the current and performancewere measuredand therefore no power consumption

information can be inferred.

Texas Instruments TMS320C55x DSP

ThenewTexasInstrumentsprocessorrange[129] claimsheadlineperformancefiguresof

0.05mW/MIPandspeedsup to 400MHz.No detailsof theprocesstechnologyaregiven,

but it is presumably0.18µm or below.Therealmeaningof the figurespresentedin the

technicalbrief arefar fromclear,andproductdatasheetsindicatethatpowerconsumption

measurementsfrom a fabricatedproductareyet to bemade,but anenergy-delaymetric

of mW/MOP2 is suggested.

Cogency ST-DSP

TheCogencyST-DSP[152] wasa commercialself-timedDSPintendedfor low power

andlow noiseoperation.This wasimplementedon a 0.6µm CMOSprocessoperatingat

5v. Currentconsumptionrunninga fax/modemapplicationwith anominaloperationrate

of 30MHz was 81mA, correspondingto a rather poor energy-delaymetric of

mW/MOP2.

Non-commercial architectures

A numberof DSParchitecturesarepresentedin theacademicliteraturethatareeithernot

developed by established companies or are research architectures.

12.8 10 3–×

0.17 10 3–×

450 10 3–×



9.5 Evaluation

Chapter 9:  Testing and evaluation 214

Leeetal. [153] presenta1v programmableDSPfor wirelesscommunicationsthatusesa

varietyof circuit techniquesandclockgatingtominimisepowerconsumption.Thedevice

wasbuilt in 0.35µm technologyusingdual thresholdvoltagesto enablefast low voltage

operationwithoutexcessivestaticpowerconsumption.Figuresreportedin thepapergive

an energy-delay metric of mW/MOP2.

Iguraet al. of NEC’s ULSI ResearchLab presenta 1.5v 800MOPsparallelDSP[154],

intendedfor mobile multimediaprocessing.This architectureuses4 independentDSP

coreswith both local andsharedmemories,andwasbuilt in 0.25µm technology.When

runat1.5vand800MOPs,apowerconsumptionof 110mWis reported,correspondingto

an energy-delay metric of mW/MOP2.

Recently,Ackland et al. presenteda multiprocessorDSP core that could perform a

prodigious1.6billion 16 bit multiply accumulateoperationspersecond[155]. This was

built in 0.25µm technology,andapowerconsumptionof 4W wasreportedwhenrunning

with a supply voltage of 3.3v. This correspondsto an energy-delaymetric of

mW/MOP2. However, it is likely that this figure could be improved by

operating at a reduced supply voltage.

9.5 Evaluation

CADREhasperformedreasonablyin theoverallcomparisons:detailedcomparisonwith

theTexasInstrumentsTMS320LC54xcore(whichwastheircurrentlow-powerdeviceat

the time this projectbegan)showsthatCADRE’s energydelayproductcanbewithin a

factor of 1.6 of the commercialproduct,dependingon the algorithm being executed.

CADRE’s greatestbenefitstemsfrom thefact thatcomplexalgorithmscanbeexecuted

efficiently by theparallelarchitecturethroughtheuseof compressedinstructionsandthe

register file.

The lessdetailedcomparisons,basedon headlinefigures,showtheenergy-delaymetric

of CADRE to be75%of thefigure for theOAK DSP.TheOAK wasalsoa currentlow-

powerproductat the time the researchstarted,andwasusedin the GEM301baseband

processorIC. CADRE performsaround3 timeslesswell thana contemporaryresearch

architecturebuilt using0.35µm technology[153]. However,this architectureusesdual

4.2 10 3–×

0.17 10 3–×

1.6 10 3–×
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threshold voltage technology to enable efficient low-voltage operation, which is a

technique that could be directly applied to CADRE to improve its low-voltage

performance. Those processors which have a consistently better energy-delay metric are

the more modern devices built using 0.25µm technology or better: the Texas Instruments

TMS320C55x and the 1.5v 800MOPs parallel DSP. These have figures that are a factor

of 50 better.

When making comparisons of results, the fact that simulations of CADRE do not include

wiring capacitances should be considered. A simulation based on full layout would

exhibit increased power consumption and reduced throughput. However, the parts of

CADRE which currently consume the most power are the functional units, and the

multiplier in particular. The multiplier circuit only uses short local interconnections

between neighbouring cells, so the capacitance of these should not unduly affect the

results. The same is true to a greater or lesser extent of the other parts of the functional

units. The greatest wiring loads in CADRE are driven in the transmission of the index

register values to the functional units, driving of the GIFU, and accesses to memory.

Accesses to memory are kept to a minimum by the architecture, and the GIFU is driven

relatively infrequently. The power consumption involved in transmitting the index

register values should be reasonably small, since only a few bits tend to change from

instruction to instruction. The delay inherent in driving the signals will not affect overall

performance, since the index substitution pipeline stage within which the signals are

driven is much faster than the critical path of the processor.

Design for low power requires correct decisions to be made at all levels. Most of the work

on CADRE has been at an architectural level; due to constraints of time, circuit level

designs could not be heavily optimised, although power consumption was clearly borne

in mind when choosing circuit structures. The architectures that perform better than

CADRE are based on more advanced process technologies and are produced by

commercial organisations or larger research groups. It would be expected that many more

man-years have been devoted to the low-level optimisation of their products than was

possible with CADRE, where the entire architecture was conceived and implemented in

a little over two man-years. Furthermore, the headline figures for power consumption and

maximum operating speed do not reflect the ability of the architectures to execute
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complex algorithmsefficiently: the differencebetweenthe FIR and FFT benchmark

resultsdemonstrateshow much differencean efficient parallel mappingcan maketo

CADRE’s energy-delay figures.

Theevaluationof CADREhasbeenperformedonthebasisof performingthebenchmark

algorithms at maximum speed.This hides the effect of an important aspectof the

operationof CADRE: the ability of asynchronouscircuits to halt and restartvirtually

instantaneously.The advantageof this ability could only be assessedwith CADRE

operatingin a variety of real applications.However,significant power savingswould

appear likely, which would provide a substantial advantageover synchronous

architectureswhich requireprogrammerinterventionto gateor shutdowntheclock.The

future for mobile telephonesappearsto involve the integration of more and more

functions,including a wide variety of userapplicationssuchasspeechrecognitionand

multimediastreaming.Theseuserapplicationswill causeprocessingdemandtovaryeven

morethanis experiencedalreadyfrom very low demandwhenidle to very high when

streaminghigh bandwidthcompressedmultimedia data acrossa broadbandlink. An

asynchronoussystemcancopewith this varying loadmosteffectively,eitherby halting

when idle or, ideally, through the use of a variable power supply responding to demand.
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Chapter 10: Conclusions

10.1 CADRE as a low-power DSP

The results show the effectiveness of the architectural features implemented in CADRE.

The 4 parallel functional units allow high throughput to be maintained with the minimum

of power consumption. However, this alone is insufficient, since these processing

elements must be kept fully occupied to provide efficient operation.

The configuration memories within the functional units allow the parallel archiecture to

be used efficiently in complex DSP algorithms, while minimising the power consumed by

instruction fetch and decoding. The power consumed in fetching instructions is reduced

still further by the use of the instruction buffer to eliminate large numbers of program

memory accesses and PC updates.

The use of a large register bank allows data to be supplied to the functional units at a

sufficiently high rate, and simplifies program design. The data access patterns of typical

DSP algorithms are exploited to simulate a highly ported large register bank through the

use of a number of smaller single ported register banks, with the asynchronous design

allowing common-case data access patterns to be fast without abandoning support for

worst-case patterns. The results show that the register bank design allows the average

energy cost of a data access to be around 12 times less than if the data were fetched from

main memory.

Having data located within the register bank allows address generation units to be

replaced with smaller index generation units to refer to the data required by the

algorithms. These index registers can be updated more quickly and at much lower power

cost.

The choice of asynchronous design for CADRE offers low electromagnetic interference,

and enormously simplifies power management since asynchronous circuits shut down

automatically when no processing is required and can restart instantaneously. The simple

interrupt structure allows CADRE to perform sequences of tasks or to process blocks of
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datawith the minimum of control overhead,with automaticshutdownoncethe current

task is completed.

Finally, the choice of sign-magnituderepresentationfor data offers some reduced

switchingactivity.However,thesavingsin powerconsumptiondueto thisfeaturearenot

now felt to be sufficient to justify the additionalcomplexity incurredin the arithmetic

elements.

Theresultsshowthat,individually, eachof thearchitecturalfeatureshada considerable

effect on the powerconsumedby that aspectof the architecture.However,the overall

performanceof CADRE in comparisonwith otherprocessorswasnot asgoodaswas

hopedfor. Thepowerconsumptionof CADRE wasdominatedby thatof thearithmetic

processingelements,andit is now clearthatfurtheroptimisationof thesecomponentsis

required before the full benefits of the CADRE architecture can be realised.

10.2 Improving CADRE

10.2.1 Scaling to smaller process technologies

Thechoiceof parallelarchitecturefor CADREwasbasedontheassumptionthatdiearea

couldbetradedfor reducedpowerconsumption.Clearly,therefore,it wouldbebeneficial

to migratethedesignto moreadvancedtechnologiessuchas0.25µm, 0.18µm or smaller.

As indicatedby theresultsfor thecommercialDSPsoperatingat0.25µm,reducedfeature

sizedoesnotonly improvesystemintegration.A simpleanalysisof theeffectsof scaling

idealMOStransistors[39] alsosuggestsdramaticimprovementsin energy-delayproduct:

for ascalefactorS, intrinsicgatedelayreducesby 1/S,andenergyperoperation(power-

delayproduct)decreasesby a factorof 1/S3. Werethis idealscalingto hold, theenergy-

delay productof CADRE would scaleby a factor of 1/S4; reducingthe energy-delay

metric by a factor of 50 to only mW/MIP2 on 0.18µm technology,

comparablewith the other DSPs.However, this simple analysisover-estimatesthe

benefits that may be obtained.

In practice,theidealbehaviourdoesnot hold entirelydueto theinability to scalecertain

parameters.Short-channeleffectsreducethemaximumtheoreticaldrive currentof each

0.67 10
3–×
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transistor, and threshold voltage cannot be scaled ideally due to sub-threshold leakage

current (although the leakage can be reduced by the use of a dual threshold process, where

the leakage is prevented through the use of high Vt devices where they do not impact on

performance). Both of these effects cause the intrinsic delay of each gate to decrease by

less than predicted.

An extremely important physical element of the circuits that cannot be scaled linearly are

the wires. Wire resistance is dependent on the area of the wires and scales according to

the square of the linear scale factor. To allow wires to be packed as closely as possible

while maintaining adequate conductance requires the wires to have a tall and thin profile.

This means that adjacent wires have a significant capacitance between them. The

increased inter-wire capacitance leads to increased crosstalk, and the capacitances of the

wires come to dominate the operating speed and power consumption of the gates driving

them. The increased resistance and capacitance of the wires causes them to have a

significantly increased inherent RC transmission delay, which limits operating speed over

longer wires regardless of the strength of the driving gate.

Many of the design features that make up the design of CADRE, such as the use of

configuration memories, instruction buffering and the register bank, are intended

specifically to minimise the average distance which data must be moved by allowing

access to local copies of data. This fact should mitigate the impact of wire loads on both

average performance and power consumption. The only points in the CADRE pipeline

where signals must potentially travel across the entire width of the core are the decode and

index substitution stages. In the decode stage, the only other activities are a very simple

logic function to check the instruction type, and a read of the configuration memories.

Within the index substitution stage, the only other activity in series with the wire delay is

a multiplexing function. In both cases, significant wire delay could be borne without

approaching the critical path delay within the multiply-accumulate units.

An increasingly important problem for clocked circuit designers is the managing of clock

skew across chips in deep sub-micron technologies. A large design such as CADRE, if

synchronous, would require effort in the clock tree design to balance delays to all parts of

the circuit and to ensure that data setup and hold times at latches are met. This would be

made even more difficult by the need to provide clock gating. The intention for CADRE
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is to allow the use of heterogeneous functional units with capabilities matched to the

requirements of the application. A synchronous system would require that operation was

re-verified every time a significant change was made to a functional unit, although the

operating frequency of CADRE is sufficiently low that reasonable margins could be

included which would make this task easier.

By using asynchronous interfaces to pipeline stages, the timing problem is reduced to

ensuring that the delay of the bundled data is matched by the delay in the control signal.

It is clearly easier to guarantee the timing relationship of two signals generated within the

same circuit than of two signals generated separately.

10.2.2 Optimising the functional units

As has been discussed, the design of CADRE has not been heavily optimised at the circuit

level: thus there is likely to be scope for significant improvement in both the speed and

power consumption of parts of the circuit. The part of the circuit where the most

improvement could be gained is the functional units: these consume over 50% of system

power, and represent the critical path of the device for many operations.

Multiplier optimisation

Breakdowns of MAC unit power consumption show that the multiplier tree consumes the

greatest part of the power. This appears to be due to the large number of spurious

transitions generated within the compression tree by the 2:1 signed digit adders used: the

analysis of multiplier structures in [59] suggests that this may be an inherent problem for

this number representation. These adders also switch significant internal capacitance for

changes in the input values. This style of multiplier was chosen due to the elegance of

partial product generation with the sign-magnitude number system. However, sign-

magnitude numbering appears to be of much less benefit should 1-of-4 coding be

implemented for module interfaces. It would therefore be beneficial, for reduced

complexity and power consumption and increased operating speed, to reimplement the

functional units to use 2s complement numbering. This change would not affect anything

outside of the functional units.
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Pipelined multiply operation

The longest critical path for the processor is for multiply-accumulate operations, with

other parts of the system operating at twice this speed or more. A straightforward way to

increase the speed of the processor would therefore be to pipeline the multiply operation.

The first stage of the multiply pipeline would be partial product generation and

compression. The second stage would be accumulation and summing of the redundant

result, avoiding pipeline dependencies except when the input to the multiplier was from

the accumulator registers.

Two different strategies could be adopted to achieve this. The simplest strategy would be

to have an intermediate register between the multiplier and adder, so that multiplication

would effectively become a two instruction operation. This technique would put pipeline

dependencies under programmer control, and allow the external interfaces to the

functional units to remain the same.

The more complicated strategy would be to split execution into two pipeline stages. This

would require different strategies to be adopted for dealing with pipeline dependencies,

particularly relating to store operations and writebacks, and drive of the GIFU/LIFU.

However, this technique would give the best performance since the latency of a multiply-

accumulate operation would only be slightly increased by the addition of a pipeline latch

but the throughput could be approximately doubled.

Adder optimisation

The second greatest source of power consumption is the adder. While the 3-input carry

resolution tree is extremely fast, the circuits are pseudo-dynamic and therefore undergo

activity regardless of the input data characteristics. If pipelining were employed, the adder

could be designed so that the critical paths of the multiply stage and addition stages were

matched. A lower power static adder design could then be chosen with the appropriate

performance, by a method such as that proposed in [145].
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Improving overall functional unit efficiency

Due to time constraints,the functional units as currently designedare identical and

implement the same functions, including some rarely used operations such as

normalisationand scalingor distancecalculation.Complexity of eachfunctional unit

couldbeimprovedby designingfunctionalunitswith differentcapabilitiessuchthatthe

requiredalgorithmscouldbeefficiently mappedontothemwithout excessfunctionality.

This would improvethepowerconsumptionandpossiblythespeedof eachunit, reduce

thearea,andpotentiallyallow fewerbits to beusedin theconfigurationmemories.The

use of delay-insensitiveinterfaceswould allow a library of functional units to be

maintained and used in a given application with ease.

10.2.3 Optimising communication pathways

In theFIR filter algorithmshownin Table3.2on page88, it canbeseenthateachvalue

from thedata‘movesacross’thefunctionalunitsin subsequentinstructions;for example,

datapointxn-3beginsin MAC D, andis thenprocessedby MAC C,B andA in successive

instructions.Currently this requireseachvalue to be readfrom the registerbank four

times.This datareusecouldbereadilyexploitedby includinga 16-bit pathwaybetween

adjacentfunctionalunits throughwhich the datacould passwith significantly reduced

energy cost.

10.2.4 Optimising configuration memories

The configuration memories representedthe second greatest source of power

consumption.The greatestnumberof configurationmemoriesusedin any of the test

programswas 29, for the LPC analysiscode.This suggeststhat a benefit could be

obtainedby splitting the configuration memoriesinto two smaller sub-bankseach

containing64entries,allowinganumberof differentalgorithmsto belocatedwithin each

sub-bank.By only driving the bit- and word-lines of one half at a time, the power

consumption could be reduced and access speed increased.

Currently,configurationoccursaspartof instructionexecution,sootherexecutionmust

stop to write new data to the configuration memories.Splitting the configuration
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memorieswould enableconfiguration to be taken out of the executionstream,and

instructionsfor newalgorithmscouldbeloadedwhile thepreviousalgorithmscomplete.

With configuration taken out of the executionstream,more complex configuration

mechanismscould be easily employed.For example,different functional units could

demanddifferent bit widths for their configurationfrom the host microprocessor,to

reflect the complexityof the internal functions.This datacould thenbe transmittedin

packets across a delay-insensitive interface.

Configurationdatais amenableto compression(e.g.by ‘gzip’ or similar),andit wouldbe

possibleto maintainconfigurationdatafor the DSPin compressedform with the host

microprocessororadedicatedcircuit extractingtheinformationrequiredfor analgorithm.

This would reduceboththecostof mainmemoryandtheamountof informationfetched

from it.

10.2.5 Changes to the register bank

Currently,the sizeof the registerbank is easilysufficient to containa single frameof

GSMspeechdata.However,futureapplicationsmayrequiremorestorageto beexecuted

most efficiently.

An increaseof registerbanksizeby a factor of 2 or 4 could easilybe accommodated

simply by increasingthe size of the register sub-banks:further increasescould be

accommodatedby usinga RAM-like designusingsenseamplifiers.Thenumberof sub-

bankscould alsobe increased,increasingboth the sizeand the numberof accessesto

sequentialregistersthat could be accommodated,at the expenseof increasedareaand

power consumptionin the switching network betweenthe ports and the registersub-

banks.

An increasein the sizeof the registerbankwould requirechangesin the surrounding

architectureto allow themto beaddressed.A minimal changewould be to increasethe

width of the indexregisters,allowing only indexedaccessesto addressthefull rangeof

registers.Changeswould thenberequiredto instructionsthatsetup the indexregisters;

in particular MOVEM instructionswhich could no longer hold 4 full index register
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values.To allow full accessto anenlargedregisterbankfor all typesof addressingwould

requirethewidth of configurationmemoriesto beincreasedto containtheextraaddress

bits.

Currently,no registerlocking is enforcedfor writebacksto the registerbank from the

functional units. It is left to the programmerto ensurethat an instruction is inserted

betweenawritebackandaninstructionreferencingthewrittendata,exceptfor thecaseof

a store operation which causes a pipeline stall regardless of any possible hazards.

Shouldthepipelinedepthbeincreased,to implementpipelinedmultiply-accumulate,the

impactof this stall would begreaterandmoreinsertedinstructionswould beneededto

preventhazards.Thiswouldmakeafull registerlocking implementationmoreattractive.

10.3 Conclusions

TheEPSRC‘Powerpack’project,throughwhichmy PhDstudentshipwasfunded,setas

its goal to reducepower consumptionby an order of magnitudein a numberof key

applications.Initial schematicsimulationsshow that CADRE hasalreadyreducedthe

mW/MIPS2 figure by 25% comparedto the the OAK DSP,which formed part of the

mobilephonechipsetexamplepresentedat thebeginningof theproject,andtheenergy-

delaymetric is alsosomewhatimproved.Given thediscussedoptimisationsto improve

the performanceof the arithmeticcircuitry, and transferof the designonto a modern

processtechnology,CADRE lookssetto providenewdirectionsfor thenextgeneration

of DSParchitectures.Thearchitecturalfeaturesallow thedesignto bescaledontovery

deep sub-micron processes,to execute the complex high-performancealgorithms

required by the mobile phone applications of the future.
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Appendix A: The GSM full-rate codec

A.1 Speech pre-processing

Theinput to theGSM speechencoderis a block of 16013-bit samples.Thesearescaled

appropriately,andaDC blocking(notch)filter is appliedto removeanyoffsetin theinput

signal from the analogue to digital converter. This filter has the equation

(23)

In the Z-transform domain this filter has the form

(24)

Thefilter hasa polevery closeto theunit circle at z=0.999, andto guaranteestability it

is necessaryto usea doubleprecision31x16bit multiply for therecursivepart.Overall,

thepreprocessingsectionrequiresonesubtract,twomultipliesandtwoaddsperdatapoint

(in additionto a numberof shifts requiredfor scalingof the input signalandto perform

the double-precision multiplication).

Figure A.1  Analysis-by-synthesis model of speech
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Following the offset removal,the signal is passedto a first-order high-passFIR pre-

emphasis filter with the equation:

(25)

This part of the speech preprocessing requires one multiply-accumulate per data point.

A.2 LPC Analysis

Thenextprocessingstagein theGSMfull-ratecodecis to estimatetheparametersof the

linearpredictivecodingfilter. LPC modelsa signal astheoutputof anIIR filter of

orderP driven by an excitation signal :

(26)

For theGSMfull-ratecodec,thenumberof modelparametersP usedis 8. An estimateof

the parameters is obtained by solving the set of simultaneous linear equations

(27)

where r(k) is the autocorrelation function of the signal defined by

. To calculate theseautocorrelationvalues requires1249

multiply-accumulateoperations(160for r(0), 159for r(1), etc.).Priorto this,theabsolute

maximumvalueof thesignalmustbe found,requiring160subtractoperations,andthe

entiresignalnormalizedto avoidoverflow,requiring160shift operations(althoughif not

implementinga bit-exactGSM codecandtheaccumulatorshavesufficientguardbits to

preventoverflow duringtheautocorrelationcalculations,it is possibleto only normalize

the resulting autocorrelation values).

The autocorrelationmatrix is Toeplitz, and is solved using the Schür recursion:this

calculatesthereflectioncoefficientform of theAR parametersKi, ratherthanthedirect

form givenby (26).Themainadvantageof thereflectioncoefficientform is thattheycan
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beusedto calculateaninversefilter which is guaranteedto bestable.A goodexplanation

of the mechanicsof the Schürrecursionis given in [13], p870.For the caseof the 8

parameterLPC analysisconsideredhere, the algorithm requires8 divisions, and 64

multiply-accumulateoperations.WhenimplementedusingNewton-Raphsoniteration,a

division to 16 bit accuracy requires 5 multiply and 5 multiply-accumulate operations.

The reflection coefficient valuesr(i) are in the range

(28)

To improve the quantisationcharacteristics,theseareconvertedinto approximatelog-

area ratios LAR(i), by the following set of rules:

; (29)

; (30)

; (31)

The conversionrequiresup to 2 comparisonsandpotentiallyoneshift-and-subtractfor

eachof the8 reflectioncoefficients.The8 log-arearatioshavedifferentdistributionsand

dynamicranges,andfor this reasonareencodeddifferently andwith a differentnumber

of bits. The general formula for the encoding is

(32)

with A(i) andB(i) varying to give quantisationof between3 and6 bits per parameter.

These conversions require a total of 8 multiplications and 8 additions with rounding.

A.3 Short-term analysis filtering

Oncetheparametersof theLPC filter havebeendetermined,thespeechsignalis passed

throughthe inverseof the filter, to determinethe signalat the outputof the pitch filter

(d(n) in FigureA.1). This is knownasshort-termanalysis,asit removeslocalcorrelation

betweensamplesandproduceseitherapitch residual,or anoise-likesignalfor unvoiced

speech.

1– r i( ) 1≤≤

LAR i( ) r i( )= r i( ) 0.675<

LAR i( ) sign r i( )( ) 2 r i( ) 0.675–( )×= 0.675 r i( )≤ 0.950<

LAR i( ) s= ign r i( )( ) 8 r i( ) 6.375–( )× 0.950 r i( )≤ 1.000≤

LARC i( ) round A i( ) LAR× i( ) B i( )+( )=
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To ensurethat the rest of the encodingprocessis mirrored by the decoder,the same

quantisedlog-arearatiossentto the receiverareusedto form the inversefilter. Also,

interpolationis performedbetweenthecurrentlog-arearatiosandthoseof theprevious

frameto preventaudibleartefactsdueto suddenchangesin the estimatedvaluesfrom

frameto frame.Thisinterpolationrequires48shift andadditionoperations.After this,the

log-arearatiosareconvertedbackto reflectioncoefficientform,prior to beingusedin the

short-termanalysisfilter. Theshorttermanalysisfilter hasthelatticestructureshownin

FigureA.2. Processingthesignalthroughthefilter requiressixteenmultiply-accumulate

operations per sample, with 2560 operations in total.

A.4 Long-term prediction analysis

Theshort-termanalysisfilter is assumedto haveremovedthecorrelationscorresponding

to the frequencyresponseof the vocal tract: the remainingsignal is then the periodic

excitationsignalproducedby the vocal chords.The long-termpredictionfilter hasthe

equation in the Z-transform domain

(33)

wherethe parameters and describingthe gain and period of the pitch filter. The

period or lag of the signal is found by searchingfor a peakin the autocorrelation

functionof thesignal(i.e. looking for thepoint of mostself-similarity),afterwhich the

gain  can be calculated.

Figure A.2  Short-term analysis filter structure
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Thesignalis segmentedinto 4 blocksof 40samplesprior to LTP analysis,andvaluesfor

thelagandgainarecalculatedandtransmittedfor eachblock.Foreachblock j=0...3, the

first step is to calculate the autocorrelationvalues of the block with the

reconstructed short-term residual signal from previous blocks :

; (34)

Thisprocessrequires3200multiply-accumulateoperationsperblock.Thevalue which

givesthe maximumvalueof givesthe estimateof the lag ; the searchfor the

maximum requires 80 compare operations per block.

Finally, the pitch gain value  for the block is calculated, using the equation

(35)

This requires another 40 multiply accumulateoperations,followed by a division

operation:thepitch gain is subsequentlyquantisedinto 2 bits, so fewer iterationsof the

Newton-Raphsondivision algorithm (or other method)would be required.For each

block, thelag is transmitteddirectly asa 7-bit value,while thepitch gainis quantisedby

anon-linearrule into two bits.Thequantisingrequiresamaximumof 3 comparisonsper

block.

Theresidualexcitation for theblock j is calculatedasthedifferencebetweenthe

currentsignalandtheresultof thepreviouslyreconstructedshort-termresidualsamples

being passed through the LTP filter

(36)

(37)

This operation requires 40 multiply operations and 40 subtractions per block.
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A.5 Regular pulse excitation encoding

The final stageof the full ratespeechcoderattemptsto find thesequenceof 13 pulses,

spacedat regular intervals,which producesthe bestmatchfor the residualexcitation

sequence for eachblock. Beforethis, a ‘perceptualweighting’ filter is appliedto

the residual excitation, to emphasisethose componentsof the signal deemedmost

important. The impulse response  of the filter is convolved with the excitation:

(38)

This requires 11 multiply-accumulateoperationsper sample, with a total of 440

operations.

Thefiltered residual is thensplit into 4 interleavedsub-sequences of length

13, according to the rule

; , (39)

The optimum subsequence  is the one with the maximum energy :

(40)

The searchfor the maximumenergyrequires52 multiply-accumulateoperationsand4

comparisons. The optimum grid positionM is encoded directly using 2 bits.

The 13 samplesin the selectedsubsequence(the RPE sequence) are quantisedusing

adaptive pulse-codemodulation. First, the maximum value is found (requiring 13

comparisonoperations).Themaximumvalueis quantisedin base2 logarithmicform with

6 bits,requiringupto 6 additions.The13samplesarethendividedby thequantisedvalue,

which can be done with a multiplication followed by a shift due to the logarithmic

encoding of the maximum value. These results are quantised using 3 bits each.

Thefinal stageof processingfor eachblock is to usethequantisedvaluesof thelag and

theRPEsequenceto generatetheexcitationsignalasreceivedby thedecoder,to beused

by the encoderfor subsequentblocks.Dequantizationof the RPEsequencerequires13

multiply-accumulateoperationsandsomeshifting.Thereconstructedlong-termresidual
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signal is then produced by inserting zeros between the 13 RPE samples according to the

grid position M. Finally, the reconstructed short-term residual signal for this block

must be produced by adding the reconstructed long-term residual to the estimated pitch

signal. This requires 40 additions.

d″ n( )
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Appendix B: Instruction set

• Notation

(X | Y | Z)... either X, Y, or Z (without brackets)

[X | Y | Z]... optional X, Y, or Z (without square brackets)

exec #operation

0OOO OOOO OOOO OOOO OOOO OOOO OOOO OOOO

This instruction causesthe stored parallel instruction specified by operation to be

executed. The encoding foroperation is shown in Table B.1.

MOVEM #a,#b,#c,#d,(i|mi|ni|j|mj|nj)

1jnm dddd dddc cccc ccbb bbbb baaa aaaa

Move-multipleof immediateconstantsa,b,c,dto the index / update/ modifier registers

specified according to the codejnm:

Bit position Function

0-6 Operation select
7-13 Operand / load-store / index select
14 Load/store enable
15 Global enable parallel accumulator write
16 Global enable writeback
17 Enable index register update

18-22 Condition code bits
23-26 Enable operations 1-4
27-30 Conditional operation 1-4

Table B.1:  Parallel instruction operation specification

jnm Target
000: i0,i1,i2,i3

Index registers
100: j0,j1,j2,j3
010: ni0,ni1,ni2,ni3

Update registers
110: nj0,nj1,nj2,nj3
001: mi0,mi1,mi2,mi3

Modifier registers
101: mj0,mj1,mj2,mj3
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MOVE #d,(rn|mrn|nrn)

1011 umnn dddd dddd dddd dddd dddd dddd

Move24-bit immediatevalued to theaddress/ update/ modifier registerspecifiedby n.

Bits u,m selecttheupdateor modifier registernrn or mrn asthedestination(theseare

mutually exclusive).

JMP #dddddd

1111 0000 dddd dddd dddd dddd dddd dddd

Unconditional jump to 24-bit addressdddddd.

JSR #dddddd

1111 0001 dddd dddd dddd dddd dddd dddd

Unconditionaljump to subroutinewith 24-bit addressdddddd, with the value PC+1

being placed on the internal stack within the branch unit.

BRAcc #offset,#n

1111 0010 0ccc ccnn oooo oooo oooo oooo

Conditionalbranch:add16-bit 2’s complementvalueoffset to PCif theconditioncodes

of functional unitn meet the condition specified bycc.

BSRcc #ooooxx

1111 0011 0ccc ccnn oooo oooo oooo oooo

Conditionalbranchto subroutine:if the conditioncodesof functionalunit n meetthe

condition specified bycc, then push PC+1 onto the stack and branch.

RTS

1111 0100 xxxx xxxx xxxx xxxx xxxx xxxx

Restore PC from stack. (xxxx’s are don’t cares)

HALT #mask

1111 1111 0000 0000 0000 0000 0000 00MM

Stopprocessinguntil interrupted:themaskbitsMM specifywhich cooperativeinterrupts

(int0, int1) the processor will respond to.
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DO #i, #m

1111 1100 000m mmmm iiii iiii iiii iiii

Zero-overheadhardwareDO loop. Executethe following m instructionsi times. On

enteringthe loop, the currentloop statusis put onto the stack,to allow for nestedDO

loops.Onexiting theloop(eitherthroughBREAK or by theloopcountreducingto zero)

theloop statusis restored.Branches(eithersoftwareor interrupt)causetheDO statusto

be flushed.

DO (i|ni|mi|j|nj|mj|a)r, target

1111 1101 000o oooo mna0 0000 0000 0jrr

As for previouszero-overheadDO, exceptthattheloopcountercomeseitherfrom oneof

the7-bit index/ update/ modifier registersor the leastsignificant16 bits of oneof the

address register according to bitsmna:

BREAKcc #n

1111 0111 0ccc ccnn 0000 0000 0000 0000

If conditioncodecc within funtionalunit FU n is met,thenrestorethe loop statusfrom

the loop stack and continue at the end of the current loop.

ADD #m,rn

1111 10nn mmmm mmmm mmmm mmmm mmmm mmmm

Add the24-bit2’s complementimmediatevaluem to addressregisterrn (affectedby the

contents of the modifier registermrn).

MOVE (rk|nrk|mrk),(rl|nrl|mrl)

1111 0110 0kkn mlln m000 0000 0000 0000

Movethesourceaddress/ update/ modifierregisterk into thedestinationaddress/ update

/ modifier registerl.

mna

000 Index register
100 Modifier register
010 Update register
001 Address register
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add #n,(id|jd)

1111 0110 1ddd 0110 0000 0000 0nnn nnnn

Add the immediatevaluen to the index registervalue id / jd (affectedby the current

modifier mid / mjd).

sub #n,(id|jd)

1111 0110 1ddd 0100 0000 0000 0nnn nnnn

Subtractthe immediatevalue n from the index registervalue id / jd (affectedby the

current modifiermid / mjd): ddd = 0-3->i0-i3, 4-7->i0-i7

lsl (id|jd)

1111 0110 1jdd 1100 0000 0000 0XXX XXXX

Shift the the index register valueid / jd left by one position (X’s are don’t cares).

lsr (id|jd)

1111 0110 1jdd 1110 0000 0000 0XXX XXXX

Shift the the index register valueid / jd right by one position (X’s are don’t cares).

MOVE #immed,(id|nid|mid|jd|njd|mjd)

1111 0101 0jdd nm00 0000 0000 0iii iiii

Move the 7-bit immediate value into index / update / modifier register d.

MOVEM #immed,(i|ni|mi|j|nj|mj)

1111 0101 0j00 nm01 0000 0000 0iii iiii

Move the 7-bit immediatevalueinto index / update/ modifier registers:bit j selectsj

registers, bitn selects update registers, bitm selects modifier registers.

MOVEM (is|nis|mis|js|njs|mjs),(i|ni|mi|j|nj|mj)

1111 0101 1j00 nm01 0jss nm00 0000 0000

Move singleindex / update/ modifier registers into multiple index / update/ modifier

registers. Bitsjssnm select source register, bitsj(00)nm select destination registers.
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MOVE (is|nis|mis|js|njs|mjs),(id|nid|mid|jd|njd|mjd)

1111 0101 1jdd nm00 0jss nm00 0000 0000

Move index / update / modifier register i/js into index / update / modifier register i/jd.

config FUNCTION/OPERAND #start,#count

1111 1111 0000 0000 00sss ssss fccc cccc

Reads the subsequent count x [4/6] words and stores them in successive configuration

memory locations from start. Choice of memories given by f:

0: Functional unit opcode memories (4)
1: Operands, load-store and index update (6)
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Appendix C: The index register units

C.1 Index unit structure

The top-level schematic of the index unit is shown in Figure C.1. Operation of the index

unit at this level is managed by the index_unit_ctl module. This controls the datapath

signals for writes to and reads from the index registers, and requests updates from the

ALU (index_alu) when appropriate. The index unit controller supports 5 different

operations: index register updates requested by nreq_index, write-multiple to index

registers requested by nreq_wrm, writes to a single index register requested by

nreq_indwr, and ALU operations with immediate data requested by nreq_indop. All of

these operations are acknowledged by ack_index.

The request signals are common to all 8 of the index register units, and enable signals

indicate which index units should respond to them. Single writes, reads and immediate

ALU operations are enabled by the index_sel signal, and only the single enabled index

unit performs the update and issues an acknowledge. In the case of write-multiple and

index update operations, all units issue an acknowledge; but only those that are enabled

actually perform an operation. Write-multiple operations are enabled by wrmsel[2],

which selects whether the i or j registers are the target, while index update operations are

enabled by upd[0], from the index update configuration memory.

The register values themselves are stored in the three latches (std_svensson and dffr) to

the left of the ALU. The update and modifier registers are stored in the level-sensitive

svensson latches, while the index register is stored in an edge-triggered register.

Writes to the registers are handled similarly whether triggered by a write-multiple or

single write instruction. The only differences between the two cases are the source of the

immediate data and the specification of update or modifier registers as the target. For a

write-multiple operation, the data enters on wrm[6:0] and the update / modifier

specification comes from wrmsel[1:0]. For a single write, data enters through immed[6:0]

and the update / modifier specification is made by index_update and index_mod. The

signal nsel_wrm selects the appropriate source at the start of the operation. The input
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signals select either the index, update or modifier register to be enabled to respond to

en_load, which is driven high by the control unit to capture the data.

Reads from the index registers (performed when moving one register value to another

register) are performed across a shared bus. The index, update or modifier value required

is selected by index_update / index_mod and passed to a tristate driver. On receiving

nreq_indrd, the enabled index unit asserts en_rd which causes the selected value to be

driven onto the output bus.

Figure C.1  Index unit schematic
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Updates to index registers as part of a parallel instruction and updates using immediate

data occur in a similar manner, differing only in the source of their data: in a parallel

instruction, the operation to be performed is selected by upd[3:1] from the configuration

memory and the operands are the index and update register values. For an immediate

update, the operation to be performed is specified in the instruction on

immed_update[2:0] and the operands are the index register and immediate data. In both

cases, the modifier register value may affect how the operation is performed.

To prevent large numbers of spurious transitions within the index units due to unrelated

instructions, the operation selection value is latched before passing into the ALU. When

an index update is to be performed, either lten_update (for parallel instructions) or

en_immupd (for immediate updates) is driven, which passes the appropriate value to the

ALU. The operation is then requested through the req_op / ack_op handshake with the

ALU, and the result is captured when ack_op goes high.

C.2 Index ALU operation

The schematics of the index register ALU is shown in Figure C.2. This forms a separate

asynchronous module and has its own control circuit (index_aluctl). The remainder of the

circuit is the datapath, and consists of four main elements: the adder / comparator

(index_add), input selection logic for the adder, a carry-save adder that adds together the

two operands and an optional adjustment value, and a circuit to determine the split point

based on the modifier register value (index_modmask). The modifier register is only

changed by specific writes, and the outputs of index_modmask are guaranteed to have

stabilised before index updates occur. The operation to be performed on the index register

is selected by op[2:0], which affects how the input is set up and how the datapath

responds to signals from the control unit. The encoding for the various operations is given

in Appendix D on page 267.

The basic sequence of events is the same for all arithmetic operations. Initially, only the

index register and the value to be added are presented to the carry-save adder (add_off is

low). The sum and carry values are passed to the main adder, which resolves the carries

and calculates the sums above and below the split point. The timing of this is managed by

a matched delay from req_add to ack_add. The result of the operation below the split
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point is then compared to the modifier value (circular buffer bound), timed by req_cmp /

ack_cmp. An overflow is indicated by the signal cmp.

If no overflow is detected, then the update process is complete and the control unit issues

an acknowledge. However, should an overflow be detected then add_off is set high. This

causes the appropriately-signed offset to be presented to the carry-save adder to bring the

result back within the limits of the circular buffer. The carries are resolved again in the

main adder, after which the result is available.

Bit-reversed addressing is indicated by the signal brev being set by index_modmask. This

causes the carry chain in the main adder to be reversed. Since all bits in the modifier are

clear, the result of the comparison always indicates that no overflow has occurred (the

split point is below the least-significant bit).

For shift operations, the appropriately shifted input is simply multiplexed onto the output.

The control unit still issues req_add and req_cmp, but the comparison result is disabled

so another cycle is never started. The time taken by the two delays is excessive for a shift

operation. However, it was felt that there would be insufficient benefit gained from faster

Figure C.2  Index ALU schematic
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shift operations to justify the extra complexity of designing the control circuit to deal with

shifts differently.

C.2.1 Split adder / comparator design

The circuit for the split carry chain adder and comparator unit, index_add, is shown in

Figure C.3. The signal msb[7:0] indicates the split point of the carry chain, while

mask[6:0] is used to select only those bits below the split point. The carry out at the split

point is passed out on tc[6:0], and this is used along with the output of the comparator to

determine whether the circular buffer range has been exceeded. The input dec indicates a

decrement operation while nsub indicates a subtraction, which alters the sense of the carry

out. Bit reversed addressing is selected by brev. Since the input comes from a carry-save

adder, it is necessary to shift the carry input right by two places when performing bit-

reversed addressing to reverse the direction of carries.

The circuit used to implement the split adder is depicted in Figure C.4. The brev signal

controls whether the forward or backward carry signal is to be selected to form the carry

input cin. The s and c inputs are the sum and carry inputs from the carry-save adder, while

Figure C.3  Split adder and comparator schematic
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sub_nodec is used to ensure that the correct outputs are generated from the bit position

directly above the split point when either a subtraction or a decrement is being performed.

When msb is low, the circuit behaves as a conventional full adder: c and s are XORed to

produce the sum result from the first half-adder, hs0. This is XORed with the carry input

cin to produce the final sum. Similarly, the carry out (cout) is produced by the

combination of the carries produced by the two half-adders (ncout0 and ncout1).

A high value on msb indicates that the carry splits at this position. The carry-save adder

at the input means that the carry input c is from the most-significant bit beneath the split

point, while the sum input s is from the least-significant bit above the split point.

In this case, sum and cout are formed from the result of a half-adder between the sum input

and the subtraction / decrement adjustment value; i.e sum and cout are the least significant

outputs of the result above the split point. The output tcarry is the most significant bit of

the result below the split point. This is formed from c and cin being XORed together, and

is enabled by msb so that only the result at the split point affects detection of circular

buffer overruns.

Figure C.4  Full adder with bidirectional split carry chain
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C.2.2 Verification of index ALU operation

The arithmetic for circular buffering is complex, so to give confidence in the correctness

of the design an extensive set of tests were performed. A simulation test harness was

produced for the index ALU to feed in random index, modifier and update values (with

the index and update values within the proper ranges for each chosen modifier value).

Random operations were selected in each case, and correctness of the result was checked.

No errors were found in 100,000 different operations, giving reasonable confidence that

the design is correct.
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Appendix D: Stored opcode and
operand configuration

D.1 Functional unit opcode configuration

The configuration words for the functional units are entirely dependent on the

implementation of each functional unit: the rest of the processor makes no assumptions

about how this data will be interpreted. However, the functional unit implemented for this

work has the structure shown in Figure D.1.

Figure D.1  Functional unit internal structure
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Bit
Postions

Function

0 Left input select (SHACC / OpA)
1 Left OpA bus position (OpA[15:0] -> Lin[31:15]/Lin[15:0])
2-3 Right input select (OpA.B/LIFU/GIFU/ACC)

00 ACC
01 GIFU
10 LIFU
11 OpA.B

4 Right OpA/OpB select
5 Right Op bus position (OpA/B[15:0] -> Rin[31:16]/

Rin[15:0])
6-10 Opcode... see Table D.3
11 Set condition code
12 Left input sign invert
13 Right input sign invert
14 SHACC shifter direction (1 = left, 0 = right)

15-19 SHACC shift distance
20 SHACC invert

22-21 ACC shifter control
00 No shift
10 Shift Left
01 Shift Right
11 Conditional Shift

23 ACC limiter on/off
24-25 ACC Shift/limiter output

00 NONE
01 Writeback
10 LIFU
11 GIFU

26-27 Writeback Source
00 OpB
01 ACC[15:0]
10 ACC[31:16]
11 ACC[40:32]

28-29 ACCWR source:
00 No write
01 Op
10 ACC
11 SHACC

30 Enable Writeback
31 Unused

Table D.1: Functional unit opcode configuration encoding
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D.1.1 Arithmetic operations

The inputs to these operations are treated as sign-magnitude numbers, and the SHACC

shifter performs arithmetic shifts.

mpy / mpyr lin,rin,dest

Multiply / multiply with rounding the left input lin by right input rin, writing result to

accumulator dest.

SM0,SM1 Scaling mode Set by SCLNONE, SCLUP, SCLDOWN:
affects the way that rounding, E/U
bit, and automatic ACC shifting works:
00 No scaling
01 Scale up
10 Scale down

S Scaling bit Set when data growth is detected,
according to the scaling mode.

L Limit bit Set when the ACC limiter produces a
limited result.

E Extension bit Set when the last result written to
the accumulators has a non-zero
extension section (dependent on
scaling).

U Unnormalized bit Set when the MSP bit (bit 30,31 or 32
depending on scaling mode) is not set.

Z Zero bit Set if the result is zero.
C Carry bit Set if a carry is generated out of the

result, or a borrow occurs.
N Negative bit Set if the result is negative

Table D.2: Functional unit condition codes

00000 MPY 10000 DISTANCE
00001 MAC 10001 AND
00010 ADD 10010 OR
00011 ADC 10011 XOR
00100 MPYR 10100 NORM
00101 MACR 10101 ASHIFT
00110 ADDR 10110 LSHIFT
00111 ADCR 10111 Reserved
01000 CMP 11000 SCLNONE
01001 CLIP 11001 SCLUP
01010 ABSMAX 11010 SCLDOWN
01011 ABSMIN 11011 Reserved
01100 MAX 11100 Reserved
01101 MIN 11101 Reserved
01110 SIGN1 11110 Reserved
01111 SIGN2 11111 NOP

Table D.3: Opcodes
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mac / macr lin,rin,shacc,dest

Multiply-accumulate / MAC with rounding

add / addr lin,rin,dest

Add / add with rounding

adc / adcr lin,rin,dest

Add with carry / with rounding: an offset of +1 / 0 / -1 is set depending on the state of the

C and N flags. This allows extended-precision 40 bit signed digit arithmetic.

cmp lin,rin

Compare left and right inputs, and set the flags according to the result (does not perform

a subtraction if the signs differ).

clip lin,rin,dest

If magnitude of right input is greater than the magnitude of the left input, then write the

left input to the destination, otherwise clip the magnitude of the left input to that of the

right input.

absmax / absmin lin,rin,dest

Write the destination with whichever input has the absolute maximum / minimum value,

and set the condition codes accordingly.

max / min lin,rin,dest

Write the destination with whichever input has the signed maximum / minimum value,

and set the condition codes accordingly.

sign1 lin,rin,dest

Write the right input to the destination, with its sign set to be the same as that of the left

input.
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sign2 lin,rin,dest

Write theright input to thedestination,with its signsetto bethesameasthatof theleft

input, unless the left input is zero in which case write zero to the destination.

D.1.2 Logical operations

The inputs to theseoperationsare treatedas unsignedbinary numbers(i.e. no special

treatmentof thesignbit is made)andtheSHACCshifterperformslogicalshifts(with the

exception of the ASHIFT instruction).

distance lin,rin,dest

The lower 6 bits of the destinationarewritten with the Hammingdistancebetweenthe

two inputs.

and / or / xor lin,rin,dest

Standard 40-bit logical operations.

norm lin,dest

Theright shift thatneedsto beperformedto normalisetheleft input (i.e. put a ‘1’ in bit

30)arewrittento bits0-4of thedestination,with bit 15andthesignbit of theresultbeing

setif theresultis negative(aleft shift is needed).If theinputis non-zero,a‘one’ is written

into bit 14 of the result, while otherwise the result is zero.

ashift shacc,rin,dest

Performanarithmeticshift of thevalueon SHACCby ‘rin’ placesto theright (or left if

‘rin’ is negative)andwrite theresultto thedestination.This overridestheSHACCshift

value specified in the opcode.

lshift shacc,rin,dest

Performa logical shift of thevalueon SHACCby ‘rin’ placesto theright (or left if ‘rin’

is negative)andwrite theresultto thedestination.ThisoverridestheSHACCshift value

specified in the opcode.
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sclnone maca-d

Set the scaling mode in the selected functional unit to ‘no scaling’.

sclup maca-d

Set the scaling mode in the selected functional unit to ‘scale up’.

scldown maca-d

Set the scaling mode in the selected functional unit to ‘scale down’.

D.1.3 Conditional execution

The encodingsfor conditionsfor conditionalexecutionis partially independentof the

implementationfor the functionalunits: codesbetween01001-01111and11001-11111

areloop conditionalsandareneverseenby the functionalunits asthey areinterpreted

earlieron. The interpretationof the othercodesdependson the implementationof the

functional units, and are as shown in TableD.4.

00000 AL: always 10000 NV: never

00001 CC: Carry clear (C=0) 10001 CS: Carry set (C=1)

00010 EC: Extension clear (E=0) 10010 ES: Extension set (E=1)

00011 NC: Normalize clear (N=0) 10011 NS: Normalize set (N=1)

00100 LC: Limit clear (L=0) 10100 LS: Limit set (L=1)

00101 SC: Scale clear (S=0) 10101 SS: Scale set (S=1)

00110 GT: Greater than (Z+N=0) 10110 LE: Less-equal (Z+N=1)

00111 PL: Plus (N=0) 10111 MI: Minus (N=1)

01000 NE: Not equal (Z=0) 11000 EQ: Equal (Z=1)

01001 LOAD/STORE nfirst 11001 LOAD/STORE first

01010 Writeback nfirst 11010 Writeback first

01011 Arithmetic op. nfirst 11011 Arithmetic op. first

01100 Reserved 11100 Reserved

01101 LOAD/STORE nlast 11101 LOAD/STORE last

01110 Writeback nlast 11110 Writeback last

01111 Arithmetic op. nlast 11111 Arithmetic op. last

Table D.4: Condition encoding for conditional execution
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D.2 Stored operand format

The format of stored operandsare partly dependenton the implementationof the

functionalunitsasbits15-22areinterpretedby thefunctionalunit.Theremainingbitsare

interpreted in other portions of the architecture and are therefore fixed.

Thevaluedefinedin bits 24-31canbeusedeitherasan immediatevaluefor oneof the

inputs,asa directregisterspecificationfor oneinput,or asa directregisterspecification

for writeback.Alternatively, bits 24-31andbits 0-7 canbe combinedto form a 16-bit

immediatevalue, which is usedfor both inputs, or two separate8-bit direct register

specifications can be made.

Bit position Function

0-3 A Index, X/Y

4-7 B Index, X/Y

8-10 Immediate select
000: AB both index
001: 8 bit immediate opA
010: 8 bit immediate opB
011: AB long immediate
100: AB both index, Writeback immed.
101: 8 bit direct reg opA
110: 8 bit direct reg opB
111: 8 bit direct reg both

11-14 Writeback Index, X/Y

15-16 ACC src

17-18 SHACC src

19-20 Op destination

21-22 ACCWR destination

23 Enable register file reads

24-31 Immediate value

Table D.5: Operand Format stored in Operand
configuration memory
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D.3 Index update encoding

The updates for the 8 index registers i0-i3 and j0-j3 are encoded in 32 bits, with the update

code for i0 in bits 0..3, i1 in bits 4..7, etcetera. The meanings for the codes are given in

Table D.6.

D.4 Load / store operation

The load / store configuration memory contains the selection of the data register to be the

destination or source and the address register to be used for each of the X and Y

operations. The register selection can be either a 7-bit immediate value, an indirect

reference through an index register, or a store can be performed from the GIFU (bypassing

the register bank and simplifying stores of long accumulator values). Also, update codes

are specified for both of the selected address registers: it is the programmers responsibility

to avoid simultaneous updates to the same address register. Details of the encodings are

shown in Table D.7.

0 Enable update

1-3 Op select
000 Postdecrement
001 Postincrement
010 Postdecrement by n
011 Postincrement by n
100 Postdecrement by (n+1)
101 Postincrement by n+1
110 Shift left
111 Shift right

Table D.6: Index register update codes
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Bit position Function

0-6 X index register / register select
When indexed / GIFU:
0..2  Index register select
3     GIFU select

7-13 Y index register / register select
When indexed / GIFU:
0..2  Index register select
3     GIFU select

14 X indexed / GIFU

15 Y indexed / GIFU

16 X long

17 Y long

18 Xdir: 0=load,1=store

19 Ydir: 0=load,1=store

20 X enable

21 Y enable

22-23 X address reg select

24-26 X address reg update mode
000 Decrement
001 Increment
010 Ri-nRi
011 Ri+nRi
100 ASL
101 ASR
111 NOP

27-28 Y address reg select

29-31 Y address reg update mode

Table D.7: Load/store operation format


