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Abstract

Power consumption requires critical consideration dusystem design for portable wireless
communication devices as it has a direct influence on thenyatteight and volume required
for operation. Wideband Code Division Multiple Access (MM@A) techniques are favoured
for use in future generation mobile communication systehiss thesis investigates novel low
power techniques for use in system blocks within a W-CDMAmiga linear minimum mean
squared error (LMMSE) receiver architecture. Two low potemhniques are presented for
reducing power dissipation in the LMS adaptive filter, thignig the main power consuming
block within this receiver. These low power techniques amely the decorrelating transform,
this is a differential coefficient technique, and the vadadbngth update algorithm which is a
dynamic tap-length optimisation technique.

The decorrelating transform is based on the principle oficady the wordlength of filter
coefficients by using the computed difference between adjacoefficients in calculation of
the filter output. The effect of reducing the wordlength dgfilcoefficients being presented to
multipliers in the filter is a reduction in switching actiyitvithin the multiplier thus reducing
power consumed. In the case of the LMS adaptive filter, wikffaents being continuously
updated, the decorrelating transform is applied to thegrileded coefficients with minimal
hardware or computational overhead. The correlation ketviéier coefficients is exploited to
achieve a wordlength reduction from 16 bits down to 10 bithaFIR filter block.

The variable length update algorithm is based on the piimap optimising the number of
operational filter taps in the LMS adaptive filter accordiagperating conditions. The number
of taps in operation can be increased or decreased dyn&macabrding to the mean squared
error at the output of the filter. This algorithm is used toleitghe fact that when the SNR in
the channel is low the minimum mean squared error of the guréliser is almost the same
as that of the longer equaliser. Therefore, minimising ¢mgth of the equaliser will not result
in poorer MSE performance and there is no disadvantage imdndswer taps in operation. If
fewer taps are in operation then switching will not only béueed in the arithmetic blocks but
also in the memory blocks required by the LMS algorithm arid flter process. This reduces
the power consumed by both these computation intensiveifunat blocks. Power results are
obtained for equaliser lengths from 73 to 16 taps and foraipmer with varying input SNR.

This thesis then proposes that the variable length LMS adgfitter is applied in the adaptive
LMMSE receiver to create a low power implementation. Powarstamption in the receiver
is reduced by the dynamic optimisation of the LMS receiveefiicient calculation. A
considerable power saving is seen to be achieved when mdsong a fixed length LMS
implementation to the variable length design. All desigohdectures are coded in Verilog
hardware description language at register transfer Ie&¥EL). Once functional specification
of the design is verified, synthesis is carried out usingeei®ynopsydesignCompileror
CadenceBuildGatesto create a gate level netlist. Power consumption resudtsletermined at
the gate level and estimated using the SynoBgsignPowetool.
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Chapter 1
Introduction

1.1 Motivation

The popularity of portable, battery-powered consumerayis continuing the high demand
for low-power, high performance electronic components. isTis especially so in the
marketplace for wireless communication devices such a8/3G mobile phones, wireless
enabled laptops and other data enabled devices which eegpgr more powerful computation

and real-time signal processing capabilities.

As bandwidth for wireless communications systems consineebe a limited resource, the
development of new technologies that are more spectraflgierft or can reuse parts of
the spectrum that have already been allocated, becomesnewmennecessary. At the same
time, these new devices are expected to display higher datafér rates, have lower power
requirements and service many users simultaneously. ihésaveraged power consumption
in particular, requires critical consideration during igesof portable wireless devices as it has

a direct influence on the battery weight and volume requioceaperation.

Supporting applications which require high speed comjmrtabnd real-time processing
capabilities has the effect of increasing the need for higheck rates and gate counts. All
this is at the cost of power consumption which, added to thesiphl limitations of battery

technology, packaging and thermal management, raisesghe of low-power design at every

turn.

1.1.1 The Need for Wideband Technologies

Recent demand for the ability to access data without beimgtcained by physical location
has fuelled the need for high-bandwidth, wireless, coremrgcomputing devices. This is
driven by the desire for high speed exchange of informati®or dependence on computers,

mobile telephones, personal digital assistants (PDAd)@&her internet enabled multi-media
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devices, is growing rapidly which of course presents thdlehge to industry to provide the

most competitive and timely solutions to this market.

An increasing number of the population also rely on being itrokith more people than ever
having jobs that require mobility more of the time. Many plecgannot afford to be out of touch
and use applications which require real-time access tcarinformation in any location and
at any time. It is also argued that wireless data technolsgyighly successful in business
applications, increasing productivity, customer satisfam and in many cases providing a

competitive advantage.

1.2 Contribution

For future generations of wideband wireless devices theydesptimisation of the receiver
architecture is critical to the power consumption and dhtaughput of the overall system.
From a review of published material carried out, it has beemd that the optimisation of
W-CDMA receivers is worthwhile and, more specifically, thiaptive LMMSE-RAKE receiver
has been identified and chosen for optimisation in this wdrke literature reviewed which
relates to these topics, addresses a number of ways to aariynprovements to receiver

sub-components individually rather than a complete receiystem.

The ultimate aim of this project is to develop a novel adaptiMMSE receiver architecture
in HDL which uses algorithms that have been optimised tocechower consumption and at
the same time retain or have improved performance chaistaterin W-CDMA applications.
Optimisation would take place in the form of selecting andlgipg one or more of low-power
techniques described in Chapter 2 with the improvementifopnance gained from careful

application of these new algorithms.

1.2.1 Objectives
The objective set out for this thesis were:
1. Produce a standard functional adaptive filter HDL impletaton that uses the

LMS algorithm[1] for updating filter weights. This will be ed as a conventional

implementation for comparison for future low power designs
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2. Implement an optimised algorithm into an LMS adaptive Fil®r core. Use of the

decorrelating transform technique will be investigated és suitability assessed.

3. Investigate the implementation of a variable tap lenditSladaptive filter, firstly through
development of the conventional equaliser, then througésitigation of translating to a

low power optimised design.

4. Produce an HDL implementation of an adaptive LMMSE rezg2] using functional
blocks created in the preceding design stages resultingoptmised low power receiver

architecture for W-CDMA systems][3].

An investigation into how concepts, such as those describedhapters 2 and 3, can be
applied to this architecture will be made. The introductadrthe variable tap length adaptive
filter, along with how this can be applied in an adaptive LMM&i€hitecture presents the
optimisation of its switching activity in real-time. Themoept of switching RAKE fingers in

or out of operation according to performance criteria i &westigated. If a given functional
block is not needed due to favourable performance conditiben it could be switched out of
operation thus saving power. The inherent ability of theéalde tap length equaliser to switch

taps in to or out of operation also presents scope for powEmigation and programmaubility.

1.3 Structure

The structure of this thesis is set out as follows:

e Chapter 2 presents a review of the research carried in tlaechlew power techniques
and architectures. Low power techniques are reviewed figaly for the direct form
FIR filter and the LMS adaptive filter.

e Chapter 3 presents an overview of RAKE receivers and LMM&Eiver architectures.
It begins with an introduction to CDMA principles[4] and dajms the motivation for
wideband-CDMA communication systems. A review of the téghes proposed for

reducing the switched capacitance of these multi-useiversais also given.

e Chapter 4 presents the technique of using the existing ddating transform when
applied to the LMS adaptive filter. An outline of its operatis given and the ability
of this particular method being applied to the LMS adaptiveerfito reduce power

3



Introduction

consumption is presented. The implementation developélisnchapter is compared

to a conventional implementation of an LMS adaptive filter.

Chapter 5 presents a method of varying the tap length of th& ladaptive filter. A

practical implementation is developed with the aim of asialg the power consumption
saving that applying this technique to the adaptive filtdr pvbduce. An existing length
update algorithm controls the dynamic increase or decrieabe tap-length of the LMS
adaptive filter. The aim is to remove unnecessary switchinthé arithmetic blocks

present in the various functional blocks.

Chapter 6 presents the application of the variable lengttSLadiaptive filter in the
implementation of a low power adaptive LMMSE receiver. Oleibthe implementation
of the new implementation is given. Operation of the new anmntation is verified
against a model of the system and power results are presagd@u in comparison with

an equivalent conventional implementation of the sameverce

Chapter 7 presents the summary and outlines the conclusidhis thesis. Several areas

for potential future research are also suggested.

Appendix A presents the conference papers published antrayvacceptance as a result

of the work carried out in completion of this thesis.
Appendix B shows the Matlab code written to model the DECORI Mdlaptive filter.

Appendix C shows Verilog code for the main components in t&€DR LMS adaptive

filter implementation.

Appendix D shows the Matlab code written to model the Vagdl#ngth LMS adaptive

filter.

Appendix E shows the Verilog code for the main componentsh@\ariable Length

LMS adaptive filter implementation.
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1.4 Summary

Research into low-power design is critical to the contiraratof advancement in high
complexity circuits and systems. The development of lowro processing blocks is a
valuable contribution to efficient system design and irgdgn. This thesis studies the
techniques and architectures that can be used to reducewles ponsumption in an adaptive
LMMSE receiver core, the use of which is proposed in W-CDMAncounication systems.
In particular, the LMS adaptive filter block level design tsidied and the application of

low-power techniques to this functional block is investarh



Chapter 2
Low Power Techniques

2.1 Introduction

This chapter explains the sources of power consumption itOSNhtegrated circuits. It gives
a review of the algorithmic methods employed to reduce paasumption by minimising
switched capacitance and an overview of the architectwethniques used. Low power
techniques and architectures for FIR filters are then dssmhigollowed by that of the low
power techniques used in adaptive filters. The followingptls present the application of
one or more of these techniques in the HDL implementationmit€al functional blocks within

the proposed architectures.

2.2 Power Consumption in CMOS technology

Switching power in CMOS circuits accounts for around 80%0f&he total power consumption

and is given by the relation:
Psw = %chloadvdzdf

WhereV, is the supply voltagef is the clock frequency(;,.q is the load capacitance of the
gate andS,, is the switching activity factorS,, is defined as the average number of times that
the gate makes a logic transition (1 - 0 or O - 1) in each cloatecyThe productS,,Cjouq iS

defined as the switched capacitance.

It can therefore be seen that switching powgy;, is directly proportional to each of these terms
and proportional to the square of the supply volt&ge A reduction of any of these terms will
then result in a proportional reduction in switching pow8ince the clock frequency, and
the supply voltagé/,,; are generally restricted due to the platform technologypptieation of
the chip, it is the switched capacitance that holds the gséatope for study at the algorithmic

and architectural levels of design, especially in memorg arathematically intensive DSP

6
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applications. Leakage power reduction is also criticahtodontinued scaling of CMOS circuits
and now accounts for an ever more significant proportion opd@er budgets. As CMOS
design continues well into sub-micron gate lengths, leakagwver is expected to dominate.
This is being addressed by using new material and systemgrdesgihniques such as the use of
high dielectric gate materials. While switching reducti@mains important, the progression

towards sub-90nm technology presents significant chadlgig to system design.

2.3 General low-power techniques

As the major power consumption in CMOS technology occursidwswitching, it is essentially
the minimisation of switching activity that allows comptita to be achieved which will
provide the overall reduction in power consumption. Théofeing sections briefly summarise
the methods that can be used to reduce the switched camacitdncircuit blocks at the

algorithmic and architectural level.

2.3.1 Clock gating

Clock gating is used to disable unused modules within a sys@&ving power by preventing
unnecessary switching activity in functional logic blocks well as eliminating power

dissipation in the clock distribution circuitry[7].

2.3.2 Operation substitution

Commonly used operations that have alternative realisstimay offer power efficiency
gains[8]. Provided there is not a serious compromise inalvperformance, an alternative

way to realise a given operation is beneficial.

2.3.3 Operation minimisation

Switched capacitance can be effectively reduced by mimigishe number of operations
carried out within an algorithm. This is normally achievedairansformation of the algorithm
itself such that it can be realised by using less hardwaretlegigfore fewer gates, such as

memory or arithmetic units[8].
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2.3.4 Reducing glitching activity

Any node can undergo numerous transitions in a given clockecgtue to glitching before
settling to a stable logic level, all of which consume po®gr[Glitching can be minimised in
a number of ways such as balancing signal paths or retimicgrmpensate for different path
delays[10] along with restructuring multiplexer networksclocking control signals[11]. In
[12] a technique for glitch minimisation in combinationadatiits is presented. Here, the total
number of glitches is reduced by replacing some existingggaiith functionally equivalent
gates, called F-Gates, that can be 'frozen’ by assertinghaa@cignal. A frozen gate will not
propagate glitches to its output. Further to this, glitdmeiation by gate freezing, gate sizing
and buffer insertion is presented in [13]. The proposed otkthifies gate freezing, gate sizing

and buffer insertion into a single optimisation process &ximise the glitch reduction.

2.3.5 Input and constant coefficient ordering

Switched capacitance can be reduced by reordering thesimpw chain of operations such
that the higher activity inputs enter the chain at a lategyef@&|. A power saving can be made
for example if constant coefficients are ordered accordirtheir Hamming distance in certain

architectures.

2.3.6 Pre-computation

By selectively pre-computing the output logic values of mwit one clock cycle before they
are required and using these pre-computed values givesuatiad in the internal switching

activity during the succeeding clock cycle[14, 15]. Thepuitfor a subset of input conditions
is calculated allowing the original circuit to be switchetlin the subsequent clock cycle. The
trade-off between the size and power dissipation of thecpraputation logic must be taken

into account against the size and power dissipation of tigénat circuit.

2.3.7 Data representation

The digital representation of data has an effect on the bimigcactivity. In twos complement
representation for example, the signal transition fromitjyesto negative or vice-versa, causes

the MSB sign-bits to switch, resulting in high switchingigity. Switching activity is therefore
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very high when the signals being processed switch arouraf§r The data representation
used can also be chosen to yield power savings in certaiticapiphs like speech coding or

image processing.

2.3.8 Bus encoding

Coding of data to be transmitted on a bus can be employedndepeupon the application,
to reduce switching activity. Gray coding for example is éwgpd to sequential and highly
correlated data as an alternative to standard binary coddressing[16, 17]. Other types
of coding may also be used such as Bus-invert coding which asntrol bit which is set

according to the Hamming distance between successive higsva

2.3.9 Wordlength reduction

The number of bits, or wordlength, used in data and for addrgss critical to a design when

considering speed, area and power[8]. If the number of bishinary word can be reduced, the
switching activity will be reduced accordingly. This thine reduces the switched capacitance.
Shorter binary words also result in fewer bus lines and dser¢he average interconnect length

and capacitance.

2.3.10 State assignment

State assignment methods have been presented[18] whigmisgrthe number of bit changes
during state transitions in FSMs. The probability of stasnsitions is calculated using the
given input switching probability and used to find an encgdimat minimises the switching

probability of the state variables.

2.3.11 Scheduling and resource binding

Algorithms have been proposed[19] to minimise the numbetrarfisitions on the signals

applied to functional units i.e. adders, multipliers, maead registers etc. which effectively
minimise the switched capacitance. Scheduling is usedrd bodes to the same resource
with the candidate nodes being selected such that thereoargamge in values of the operands

between consecutive operations of the same functional unit
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2.3.12 Memory partitioning

The memory in a system can be partitioned such that highlyssed locations are mapped to a
small and efficient memory block[16]. Average power is dasesl because a large proportion
of accesses are concentrated on the most power efficient meaneas. At the same time,
switching activity in other memory blocks can be reduced isgloling them in a given clock

cycle if they are not addressed.

2.3.13 Selection of appropriate gate level implementation

Switching activity is also dependent upon the gate-lewald that different realisations of the
same function can have. The simulation of different lograagements for the same functional
block allows the switching activity to be evaluated accogdio performance. When applied
to arithmetic units such as adders[20] or multipliers[Z4],fdr example, the best construction
can be chosen according to desired performance charéicersuch as relative throughput or

area, against the reduction in switching activity achieved

2.3.14 Physical capacitance reduction

Switched capacitance is directly proportional to the ptglsicapacitance being switched.
Switched capacitance can be reduced by reducing any of ffecitances present in CMOS
technology. This may involve minimising gate count, usingpier devices and shorter/fewer
interconnects which can be carried out by logic minimisaio gate re-sizing and by using

appropriate placement, partitioning and wire sizing[9].

2.3.15 Technology decomposition and mapping

There are many possible circuit level implementations ¥erggate level implementation each
having its own switching behaviour. Technology decompasiand mapping techniques have

been proposed for minimising the switching activity in Bemh networks[23, 24].

10



Low Power Techniques

x(n) - X(n-1) - X(n-2) - X(n-3)
() 2R ) B e
y(n)

Figure 2.1: Block Diagram of Conventional DF FIR Filter

2.4 FIR Filters and Low Power Techniques for FIR Filter

Architectures

Afilter is described as any system which alters the chariatitey of a signal to enhance desired
signhal components and/or to suppress unwanted signal c@nfso In communication systems
filters are used to extract information from a signal or tes@lely separate signal components
that have previously been combined to provide efficientsimisiasion through a channel. A
digital filter can achieve almost any filtering effect thahdze represented by a mathematical
algorithm and can be implemented in either hardware or swéwaccording to overall system

constraints.

The Finite Impulse Response (FIR) digital filter is fundaiaéo signal processing theory
and is widely used in many applications. TlRetap FIR filter is represented by the following

convolution equation:

y(n) = Z biz(n — i) (2.1)

whereb;’s are the filter coefficientsy(n) andy(n) are thenth terms of the input and output

sequences, respectively. The direct form FIR filter is shiwkig.2.1.

The response of the FIR filter to an impulse will always ultieha settle to zero. From the
diagram of Fig.2.1 it can be seen that in this Direct Form (EHe filter is non-recursive
meaning that the presentn) filter output is dependent only on the prese(t) andxz(n — N)

previous inputs and not previous output values. It is tha& #gnsures that the FIR filter is

inherently stable. In it's direct form the FIR filter is sinyph delay line made up of a series

11
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of discrete delay elementg—!), the output of each being multiplied by it's respective filte
coefficient, referred to as a filter tap. Artap FIR filter utilisesN-1 delayed samples arid
multipliers with the filter order being directly related teetnumber of taps present. Therefore
as the number of taps is increased the FIR filter respons®aqimes the ideal filter response.
The outputy(n) is then calculated by performing the summation of everyfemeht multiplier

output.

The following sections briefly summarise basic principlesethods that can be used to reduce

the switched capacitance of FIR filter architectures.

2.4.1 Coefficient ordering

By reordering the FIR filter coefficients it is possible toued the number of logic transitions
between successive multiplication thus reducing the diveosver consumption. Analysis of
the minimum Hamming distance between coefficients[25, @6fkample will minimise the

switching transitions at the multiplier input. The orderiof coefficients in this way is however
computationally complex for practical size filters and thegess of determining this ordering

will require heuristic searching or the use of a genetic rigm.

2.4.2 Coefficient segmentation

Here, individual filter coefficients are decomposed into psimitive sub-components[27] such
that one part is produced which can be implemented using gdesshift operation leaving
the other part, which has reduced wordlength, being appbetthe coefficient input of the
multiplier unit. This reduction in wordlength results irgsificantly lower switching activity
in the multiplier and therefore reduces the power consurg@dmples of this in practical FIR

filters have shown a power saving of up to 63% in the multiplier

2.4.3 Block processing

A major source of power consumption in digital signal preieg is transition activity in
multiplier units. In the direct form FIR filter, each delayatput data sample is multiplied
by the appropriate filter coefficient at every clock cycle amdumulated in a multiply and

accumulate unit. In this situation switching activity ighidue to the inputs of the multiplier

12
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unit being presented with new data upon every clock cycleed?consumption will be directly
reduced by any technique that reduces this switching actiklong with this, another source of
power consumption is transition activity on data and addbeses. Every time a data sample is
multiplied by a filter coefficient, the data and address besesunter a high switching activity.
Due to the fact that bus capacitancies are typically sevaddrs of magnitude greater than
that of internal circuit gates, the power consumed is lafgeonsiderable power saving can be
achieved if filter outputs are processed in blocks[28]. Wilkreduce transitions on the data
and address buses and also ensure that data at the inputtifglierslis retained for more than

one clock cycle.

2.4.4 Approximate processing

In general, adaptive filtering algorithms are concernedhwithamically changing the values
of the filter coefficients only and do not alter the order offitter. In approximate processing,
the algorithm dynamically adjusts the order of the FIR filteaccordance with the stop-band
energy of the input data signal[29]. Filtering solutiong #nerefore reached in which the
stop-band energy of the filter output signal may be kept belayiven threshold while using
the lowest filter order possible. As it can be shown that filieter is directly proportional to
power consumption, this technique achieves a power ramuethen compared to a fixed order
filter whose output is similarly specified to have a stop-bandrgy below the given threshold.
The filter order is dynamically adjusted by observing thergyef the input signals’ stop-band
component. When this increases it is necessary to incrbasstdp-band attenuation of the
filter by increasing the filter order. Likewise, if the stopru energy decreases the filter order

is reduced.

2.4.5 Multi-rate architectures

Computationally efficient multi-rate architectures forRFfilter implementation have been
proposed [30]. These involve the implementation of FIR mMltén terms of decimated
sub-filters.  Winograd’'s algorithms are used to reduce cdatjpmal complexity of
polynomial multiplication in the determination of the filteFor a DFN-tap filter structure,

N multiplications andN — 1 additions per output are required whereas in the multi-rate
architecture 3N /4 multiplications and3N + 2)/4 additions are required per output sample.

This reduced computational complexity in multi-rate aretiures allows the reduction of

13
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clock frequency and supply voltage while achieving the sémeughput as the conventional

DF FIR filter, hence significantly reducing power consumed.

2.4.6 Coefficient scaling and optimisation

Coefficient scaling preserves the filter characteristi¢erims of pass-band ripple and stop-band
attenuation but does result in an overall magnitude gaialdquhe scaling factor. Coefficients
are scaled in the first stage such that the total Hammingntdisthetween successive scaled
coefficients is minimised. This is followed by modifying teealed coefficients in the second
stage such that the total Hamming distance is reduced wtkilataining filter characteristics.
This is an iterative process and continues until no furtleeiuction in Hamming distance is
achieved[31].

2.4.7 Filter realisation through differential coefficient

Typically, the FIR filter coefficients are used directly tdozate the convolution with the input

data. The differential coefficient technique involves tlse wf various orders of differences
between adjacent coefficients along with stored interntediasults to compute the output
convolution result[32]. Although the memory requirement aumber of memory accesses is
increased in this technique compared to a conventional R#R tihe net computation required
per convolution is reduced. The result is a net power redadti the multiplier unit due to

the lower magnitude of coefficients presented to it. Thismégue relies on the differences in
value between adjacent coefficients being small when caedgarthe values of the coefficients
themselves. If this is satisfied then the multiplier selédt use can be implemented with
reduced wordlength. When the power saving in the multipbeais greater than the cost due

to memory overhead then a net power saving is achieved.

2.4.8 Reduced two’s complement data representation

A reduced two’s complement representation for numbers baa proposed which avoids the
use of sign-extension and therefore the switching of the-eigended bits[33]. The maximum
two’'s complement magnitude of a number is detected and dsicexl representation is
generated to represent the signal. A constant error isdated by this reduced representation

although it is however compensated for. This technique iszmeeful for filters in which the
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coefficients are correlated and have small magnitude.

2.4.9 Sharing multiplication

This technique is based on the development of a computatiaming multiplier which
targets the reduction of redundant computations in FIRrifiltgg34]. In vector-scalar product
operations, sets of short bit sequences are identified swaththie multiplication result can
then be obtained by using only add and shift operations. &'kets are chosen such that the
full collection of small sets spans the entire coefficienttoe Using a transposed DF (TDF)
filter implementation, a so called pre-computer block cimsta set of multipliers used for the
multiplication of input data vector with the short bit seques, representing the coefficient
vector. N select/shift unitsN being equal to the number of taps in the filter, and an adder are
used to calculate the final output. The sharing of this pragfder block containing all the

multipliers leads to the power saving achieved in this declire.

2.4.10 Algorithmic Low Power Cores

The authors Erdogan, Hasan and Arslan in [35] present nowkitectures for low power FIR
filter cores using algorithms that minimise the switchedac#ance in the multiplier and on
data buses. This is carried out by exploiting data and cosfticorrelation within the device.
These algorithms are mapped onto the arithmetic processiitg and the description of the

overall FIR architecture is given.

Initially, two algorithms are outlined. One detailing theplementation of a coefficient
segmentation algorithm whereby a 16-bit filter coefficientsegmented into two numbers
for computation. The other details a block processing #@lgor which reduces switching
activity by processing data in blocks. Switching activisyreduced by holding data constant
at component inputs for two clock cycles rather than only. orfe third proposal is then
made of a combination of the two algorithms which results @ompounded saving in power

consumption.

It is stated that the coefficient segmentation algorithnidgia 22% power saving with an circuit
area overhead of 4% while the block-processing core yieaseer reduction of 26% with a 3%
increase in area. Combining the two methods of coefficiggnemtation and block processing

results in a 39% power reduction at the expense of a 7% inetieagea.
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2.5 Adaptive Filters and Low-Power Techniques for Adaptive

Filter Architectures

Linear equalisers are typically implemented using adagtinite impulse response (FIR) filters
[1] with filter coefficients being recursively updated usieiher the recursive least squares
(RLS) or more commonly the least mean squares (LMS) alguaritis is used in this study. The
conventional adaptive filter is typically made up of two ftianal blocks. The weight update
(WUD) block and an FIR filter block which is modified to accepidated filter coefficients

from the WUD block used in calculation of the filter output.

Taking the LMS algorithm, the weight update equation foradaptive LMS filter is

bi(n + 1) = bi(n) + pe(n)z(n — k) (22)

wherey is the step size andn) is the adaptation error given by

e(n) = d(n) —y(n) (2.3)

where d(n) is the desired outpuy(n) of the filter. This computation updates the filter

coefficientsh; seen in the FIR filter equation (2.1).

The number of taps in the FIR structure has a critical infleena the performance and
computational complexity of the equaliser. An equalisethwioo many taps will be
computationally inefficient and may introduce a degradmaii® mean squared error (MSE)
performance due to limitations of the LMS algorithm wheresasequaliser with too few taps
will be unlikely to reach its true potential level of distimm mitigation. Coupled with this
is the time variant nature of wireless channels which igea#icessitates the ability of the

equaliser to alter its number of taps with time.

The following sections briefly summarise basic principlesiethods that can be used to reduce

the switched capacitance of adaptive filter architectures.
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2.5.1 Low Power Multiplication in FIR Filters

In a paper by Nicol and Larsson[36] a FIR filter is describedclwhuses Booth encoded
multiplier blocks. It is stated that by selecting the cotnewiltiplier configuration for a given

application a power reduction of 50% or more is achieved deing upon the filter response.
In the Booth encoded multiplier the number of partial prddus halved thus reducing the

number of bit transitions in the operation and reduces deldye circuit.

In this particular case each tap in the FIR filter is initialgsigned a multiplier and in
a subsequent design the multipliers are time-multiplexeccdmpute a number of filter
coefficients thus reducing the number of multipliers usedis hoted that the power saving
achieved it dependent on the precision of the filter coefitsiand optimising these coefficients
results in a further power saving. The concepts here aretedid easily translated for use in

an adaptive filter however no details are explained.

2.5.2 Variable Length Equalisers

In [37] the authors Riera-Palou, Noras and Cruickshankemtethe concept of the variable
length equaliser. The motivation for this being that thetamnover length, being number
of filter taps, can improve performance and will also reduow/gr consumption. Here the
investigation of variable length is carried out on lineau@cpers using the least mean squares

(LMS) algorithm for updating filter coefficients.

Following this, the same authors present a simple methaodlfmaimically adjusting the number
of taps in a linear equaliser to suit channel conditions[38iis is based on the use of segmented
filters where equalisation is carried out by splitting a FIRefistructure into concatenated
sub-filters each with their own outputs. This structure raffothe use of extra information
provided by the multiple equaliser outputs. These outpigtsised to compute a corresponding
error signal which is used to obtain an output MSE value fahesegment. The performance

of each segment can then be evaluated and used to contralrifiteen of active segments.

Further to this [39] and [40] present alternative methodslie variation of equaliser length.
In [39] an algorithm is described which is derived from thecsiastic gradient (SG) algorithm
and modified to allow dynamic allocation of filter coefficientin this the order of the filter

along with the adaptation step size are changed automgtaedording to a certain level of
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performance. The benefits of this are both fast convergemt@@od steady state performance
which, in normal cases are traded off against one anothef4Olnvariable LMS algorithms
are presented based on the time constant concept in whidtdpesize is changed (VS-LMS
algorithm) and filter length is varied (VL-LMS algorithm).h€ time constant concept relates
to the change in step size or filter length from one iteratmithe next. For example, in the
VL-LMS algorithm the filter length is kept small to aid fastra@rgence then increased upon

each subsequent iteration to provide better steady-statermance.

2.6 Summary

This chapter has described general and functional bloakifspechniques currently proposed
for reducing the switched capacitance in CMOS circuitry.e3étechniques aim to optimise
the circuit operation or to exploit certain properties ofoaentional implementation method.
This might involve direct optimisation of hardware areaotigh some sort of transform, or
by optimisation at the algorithmic level using schedulingpoe-computation for example.
Alternatively, properties such as redundancy or cormhetin the signals present on buses and
used for computation are exploited to reduce switched d@pae. This thesis will present the
low power techniques which can be applied to the LMS adaffittee and then go on to explore
the RAKE and LMMSE receiver structures.
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Chapter 3

RAKE Receiver and LMMSE Receliver
Architectures

3.1 Introduction

Spectrum availability is a growing problem, especially ietropolitan areas, and is a major
factor in the design of wireless communication systems. alvded techniques are needed to
cater for the requirements of operators who need to supplgriservices to users while being

constrained by a finite frequency spectrum. New receivémigoes have been proposed which
offer the ability to increase the capacity of wireless natgo In this thesis the architecture of
one such receiver is studied which is based on an emergingbaial code-division multiple

access (W-CDMA) technique. This technique offers the rrudgr interference suppression

and cancellation required to give the desired increasestimark capacity.

This chapter describes some of the background principlégeaahniques used to increase the
capacity of wireless networks. An introduction into thengpiples of operation is given and
the new techniques proposed to counter their limitatiomscatlined, namely code-division
multiple access and wideband code-division multiple axceshniques and principles.
Finally, this chapter presents a background overview oftéiohniques proposed for RAKE
and LMMSE receivers and the novel architectures employetheir design and low power

techniques that can be used to reduce switched capacitance.

3.2 Code-Division Multiple Access

Users can be separated in a number of ways, normally eithdrequency, such as in
frequency-division multiple access (FDMA) or in time as ime-division multiple access
(TDMA). In both of these schemes, the maximum number of usdmited by the number of
orthogonal time or frequency slots available. Code-divignultiple access (CDMA) systems

differ from this in that all users share the same frequenaydta all times with separation of
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users being achieved by assigning each user with a uniqueeuific spreading sequence
onto which the transmitted data is modulated[4]. This isdntcast to FDMA or TDMA where

there exists a frequency or time separation only. Providetktare enough exclusively unique
spreading codes available for adequate user separatiorcdide domain separation will result

in an marked increase in channel capacity.

CDMA employs spread spectrum (SS) techniques to separffieredit users, the most

common methods of which used in practical spread spectrummumications systems are
direct-sequence (DS) and frequency hopping (FH). Spreadtsm techniques require that
the transmission signal occupies a bandwidth greater thandf the minimum required

to send the information. In frequency hopping spread spectsystems the transmission
frequency is altered at regular intervals according to preading code which is normally
a pseudo-random noise (PN) sequence. This spreading sequarst ensure that no two
users are able to transmit on the same frequency simultalyedn a direct-sequence spread
spectrum system, a high frequency pseudo-random sequeadalates the data stream.
The high frequency spreading sequence will have a far grepextrum bandwidth than the
data signal, this relationship being controlled by the agirg factor. The same PN code is
then used at the receiver for de-spreading and recoveryeafiésired data signal. It follows
then that the receiver must be synchronised with the tratesmiDe-spreading is carried out
in the receiver by correlating the incoming received sigmiah the synchronised PN code
replicated by the receiver. The processing gain of the systedefined as the ratio of the
bandwidth of the spread spectrum signal to the spectrumvadtidof the original data signal.

In commercial systems, direct sequence (DS) systems afavibiered option.

In CDMA systems, the data signdlt) is modulated by the high frequency PN spreading
codec(t) which is made up of +1 and -1 signal level 'chips’ as shown ie tliagram of
Fig.3.1. In this case this modulation is simply a modulo-gigon and also acts as a phase
modulator. CDMA code sequences have similar statisticgdadiproperties to sampled white
noise and are generated by a linear feedback shift regisk8K). The processing gaift)

in DS-CDMA is defined as the ratio of the CDMA code frequetity?.) to that of the data
frequency(1/T"). The spread signal(¢t) now has no resemblance to the original data sequence
d(t) and is therefore impossible to recover from the transmgigdal without the knowledge

of the PN spreading code sequer¢g. The bandwidth of the spread spectrum signal is Gbw

times that of the data signd|(¢). The processing gai@' also gives an indication of the amount
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Figure 3.1: a) Data signal b) PN code signal and c) Spread spectrum signal

of interference protection provided by the PN spreadingecaslit is a measure of the amount

by which the power in the data signal is spread over the eméresmitted bandwidth.

The PN sequences chosen should have an impulse-like auation response for detection
purposes, and a low cross-correlation with other spreadoips to maximise separation
between users. The data is recovered at the receiver bylatorgethe incoming received
SS signal with a locally generated replica of the PN code. rElgeiver must transform this
wide-band signal into the original signal bandwidth using torrelation properties of the PN

code. If ideal transmission is assumed and the incoming Ri¢ emd receiver PN code are

21



RAKE Receiver and LMMSE Receiver Architectures

0.8 _

0.6~ =

0.4 *

Auto—correlation

0.2 _

(=]

-0.2- *

Lag

Figure 3.2: Auto-correlation function of 128chip PN sequence.

identical, then the correlator will output a positive pe#ithe incoming PN code is 180out
of phase with the receiver PN code then a negative peak wilibgut. Since each user has a
unigue orthogonal spreading code, the SS signals of the atlees are suppressed by correlator.

However, each additional user does increase the overakmeiel in the system.

The auto-correlation response of the PN sequence is immgotia allow multi-path
signal components to be more easily resolved then combined RAKE type receiver.
This type of receiver consists of a bank of correlators whiebeive several multi-path
components simultaneously. The auto-correlation resp@®ef even greater importance in
frequency-selective fading channels [41]. An example ef dato-correlation response of a
128 chip PN sequence can be seen in Fig. 3.2. The RAKE redsidesigned to counter the
effects of multi-path fading, doing so by resolving the tiwedayed signal in a number of
receiver fingers. Each finger de-spreads the incoming regeiignal by correlating it with a
locally replicated versions of the known PN codes, thisalation of the PN sequence with
the incoming received sequence is then output from eachrfargg combined to retrieve the

channel compensated symbols. A functional diagram candseisd-ig.3.3.
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Figure 3.3: Functional Diagram of RAKE Finger.

Interference from other users is limited by the low crosgaation of the PN sequence. The
level of interference however is maintained by careful powentrol, this being a critical
requirement for direct-sequence CDMA. The phenomenonahtrar-far effect is introduced
by inaccurate power control resulting in a weak user’s digaieng buried in the multiple-access
interference (MAI) by the stronger signal of another userhe Ttconventional single-user
receivers are highly sensitive to the amount of MAI preseitih werious degradation resulting
from small amounts of MAI[42]. It is this problem that has tedhe effort into the development
of enhanced receivers with the introduction of multi-usgeiference suppression receivers and
cancellation receivers which exploit the nature of therfetence itself to improve performance

and increase channel capacity[42].

For single-user communication systems, the optimal recdiv multi-path channels which
cause inter-symbol interference is the maximum likelih@edjuence detector (MLSD)[2],
which requires that the channel is known. In practice howethe channel must of course
be estimated. Correlator receivers are the most simple eofstib-optimal single user DS
systems[43]. The most widely used receiver in CDMA systesnthé RAKE receiver[41].

RAKE receivers are traditionally used in CDMA systems whitse spreading factor is large

and therefore cross correlation between codes is low.

In CDMA systems it is conventional to neglect MAI and the nizareffect. This however
does place limits on the capacity of the system in questions ofitimal receivers are
impractical in terms of implementation, several methods gab-optimal receivers have
been proposed[44-46]. In the downlink receiver only therddssignal is intended to be

demodulated while the interference from other users israggpd.
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Figure 3.4: Functional Diagram of RAKE Receiver showing Maximal Ratanbining.

Existing methods used for the reception of signals in waglghannels and their architectures
are constantly being investigated as data rates and recen®lexity increases. Most wireless
receivers employ a CDMA baseband processor which includesralator array and a DSP
core[47]. Correlators are used for the de-spreading ofivedesignals and are important
components in RAKE receivers which capture the energy ofiptelindividual signal paths.
Several multi-path components are captured by a bank oéledors and combined to produce
an optimum signal level for decision thresholding. The rodtbf combination depends upon
the application, however in third generation CDMA systenaximal ratio combining (MRC) is
favoured[48]. Conceptually, the RAKE receiver is showniig. 8.4 with the received signals of
the multi-path components being combined proportionatlyoading to the channel estimation

of the given path. The RAKE receiver fingers are shown withdibiged outline in the diagram.

3.3 Linear Minimum Mean Squared Error Receivers

The linear minimum mean squared error single-user receg/ame type of sub-optimal
receiver which has been proposed[2]. The LMMSE receiveimises the mean squared error
between the receiver output and the original desired dgtaaki The advantage of this type
of post-combining receiver is that it is capable of supprgsinter-path and inter-channel
interference under severe near-far scenarios. The cesitficiof the LMMSE receiver are
dependent on the channel coefficients of all users and mustdepted dynamically as

the channel changes. In a rapidly fading channel the LMMSteiver must be adapted
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Figure 3.5: Functional Diagram of LMMSE Receiver.

continuously and will suffer convergence problems if tharaiel fades too fast. However the
LMMSE receiver can still be used if the rate of fading is sudiintly low in relation to the data

rate.

The pre-combining LMMSE receiver requires the knowledgé¢hef spreading codes and the
delays of all users. For this to be achieved, a computatioirensive direct matrix inversion

calculation must be carried out. Added to this is the fact #ihthe spreading codes and
delays for all users may not be known at the mobile terminalis for these reasons that
the LMMSE receivers are usually solved iteratively for earder by using some adaptive
algorithm such as the least mean squares (LMS) algorithrieier, the W-CDMA proposals

are based on conventional RAKE receivers where there isaagion for a training sequence
to be provided. The adaptive LMMSE-RAKE receiver can be anpénted using the symbol
decisions and the channel estimates of the conventional RAs¢eiver, therefore no training

sequence is required and the adaptive LMMSE-RAKE receiartbe considered to be blind.
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Future W-CDMA technigues however offer methods of incregithe data rate available to
users without increasing the spectrum bandwidth. This in tneans that the performance
of the RAKE receiver is degraded as interference is intredudue to the mechanisms used.
The capacity of the system is limited by multiple-acceseriistence (MAI)[49]. Data rate can
be increased by either assigning a number of parallel datangts with independent channel
codes or by decreasing the spreading factor in a single ehanith each method introducing

different interference problems.

The act of assigning multiple data channels results in thki4path signals being subject to
what is referred to as multi-channel interference or MClisTdehaves in the same way as the
interference introduced by multiple users in conventicBBIMA systems (MAI) and results
in the degradation of performance of the RAKE receiver asitiaber of channels increases.
Alternatively, decreasing the spreading factor in a mpdtih channel will result in inter-path
interference (IP1) which brings loss of diversity betwe&mnal path components. The continual
decrease in spreading factor therefore results in inargadBil[48]. Both the techniques detailed
here are also sensitive to the near-far problem when a RAK&wer is used. It can therefore
be seen that in W-CDMA systems the performance of a RAKE vecés limited by the data
rate as performance is degraded when data rate is incrdagetherefore useful to investigate
multi-user receiver techniques which enhance performaéagcsombating the effects of these

different forms of interference.

In this respect, a suitable solution lies in the linear mimmmean squared error or LMMSE
receiver and is among the sub-optimal receivers proposed4ih[45] and [46], optimal

receivers being too complex for practical implementatioft’'s operation is based upon
the principle of minimising the mean squared error betwd®n receiver output and the
desired transmitted data sequence and is capable of deatimgnter-path and inter-channel
interference along with interference caused by near-fanagos. As the operation of the
LMMSE receiver relies on the channel coefficients of all as#ine receiver coefficients must

be adapted as the channel changes and must be updated cosiynn fading channels.

Motivation for further work would be the implementation opawer efficient uplink receiver
architecture comprising the LMMSE-RAKE (or adaptive-RAKS&ructure that displays good
convergence properties. The advanced nature of this exasilt obviously introduce a burden
on power consumption therefore when used in a up-link mabieiver, power optimisation is

worthwhile.
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3.4 Low Power Techniques for RAKE and LMMSE receiver

architectures

It is said that in DSSS systems, the RAKE receiver being onthetkey blocks is the most
complex and dissipates a large proportion of the total pf@ér It is therefore important that
the circuit complexity and power consumption of the RAKEeaiger be minimised within the
system. The pre-combining LMMSE receiver, or LMMSE-RAKEe&#®er, is based upon the
structure of a conventional RAKE receiver. The followingvipower techniques can therefore

be directly applied to this type of LMMSE receiver.

3.4.1 Power-scalable RAKE core

In the scheme proposed by Bianco, Dassatti et al.[51] the 8bddeiver outlined is made up of
a number of functional blocks, one of which being a RAKE reeecore. This core is made up
of a number of RAKE fingers, an adder and a programmable catgraPower optimisation

is achieved by the use of a control unit which selectivelysuon the adder according to the
number of fingers being served. The control unit can alsaéte the number of fingers to be
activated according to the output of the comparator and ehéidence level that it determines
based on the SNR. Re-configurability is based upon parasmieh as input data width, RAKE
adder width, multiplier pipe depth, adder pipe depth, maximnumber of fingers and the
number of thresholds in the comparator. Further re-cordiglerarchitectures are also presented
in [52] and [53] and the effects of modifying parameters iglgtd.

3.4.2 Multi-code correlator array

In the work presented by Ku, Kuo, Chen and Chen [47] a low-pastategy is put forward
which describes a correlator architecture for multi-codeMA systems. In this, the input
is de-spread with multiple PN sequences concurrently tiagulin considerable power
savings. This multi-code correlator architecture is basethe principle of computing partial
correlation results which are stored in local registersséhpartial results are then delivered to
an adder/subtractor network from which the correlatiorultesare output. Other low-power
methodologies are also used to achieve a reduction in poassumption such as code
grouping or transformation and clock gating in certain fiowal blocks. The dual-code

variation of this multi-code architecture has proved opfiim terms of power consumption,
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demonstrating a 41% reduction when compared to a convet®s complement single code
correlator and 23% reduction when compared to a sign-madmisingle code correlator.
Code numbers greater than three show diminished redudatigp@wver. Two of the authors in
[54] have progressed this work, using the tri-code coroelttey have described to develop a
programmable correlator array with a DSP architecture $erin 3G wireless communication
applications[55]. This correlator array is reconfigureddter for the separate code acquisition
and code tracking phases during de-modulation. The fumetidd a chip-matched filter, used
for synchronisation and the correlator bank used to determbde group information and
determine scrambling code are configured in the code atiquigihase. In the code tracking
phase a RAKE receiver is configured for the purpose of elitimgamulti-path effects. This
work demonstrates in detail the successful implementatiahperformance of the low-power
programmable correlator core with the proposed DSP. Naoerfe however is made to actual

power consumption results here.

3.4.3 Shared component approach

The authors Lee and Ha [56], present a parallel operatidmigae in their RAKE receiver
core. The architecture presented relies on the sharingraponents between all fingers in
the receiver. The first method described uses shared codgagers to eliminate de-skew
blocks and also allows the code generators to run at lowekdi@quencies. The resultant
reduction in circuit complexity reduces the total powersummption by 55.2% when compared
with a conventional RAKE receiver with no shared componéetsveen fingers. A reduction
in area is also reported without any degradation in perfogaa The authors then go on to
demonstrate a further architecture in [56] whereby a simglmmon parallel de-spreader is
used to pre-compute symbols for RAKE fingers which allowshdawer to operate at a lower
clock frequency, processing multiple bits for each clocgleyIn this case, each code generator
produces four bits in parallel with each de-spreader opgran four data items and computing
16 sub-symbols. The key principle of this architectureeselon the single de-spreader being
shared by all fingers. This architecture demonstrates atiedun power consumption of 37%

when compared to a conventional RAKE receiver core.

The proposal by Lee and Kim[57] is also based upon the ideawiponent sharing. Their
multi-finger structure uses shared arithmetic units andeacpmbining time de-skew buffer.

The de-skew buffer takes demodulated symbol data from pheilfingers and adds this data to
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previously stored data aligned to the same timing referpnesent in the buffer. The combined
symbol data is then stored in the local registers beforeghgiasented to the combiner block.
Effort here has been concentrated on the hardware 'cost’ wil have power benefits but
no results are provided and no direct reference is made tempocwnsumption. A reduction in

hardware complexity of 49.4% is achieved when comparedavithnventional RAKE receiver.

3.5 Summary

This chapter has given an overview of CDMA and wideband CDMahhiques currently
proposed for use in third generation mobile communicatiogisvorks. The progression of
the concepts used in RAKE and LMMSE receiver principlesss dliscussed. A description of
low power techniques proposed for use in W-CDMA receiveedse given and how these low
power techniques are then applied to the RAKE and LMMSE vecaiructures. The following
chapters in this thesis will present the application of lmwpr techniques to the LMS adaptive
filter and the LMMSE receiver.
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Chapter 4

Low Power Differential Coefficient
Technique in the LMS Adaptive Filter

This chapter investigates the use of the differential caeffit technique for reducing the power

consumed in the HDL implementation of an LMS adaptive filter.

This chapter is organised into six sections. Section 4rdiices the motivation for the concept
of differential coefficient methods and provides detail of@mpanying research on the topic.
Section 4.2 gives an overview of the decorrelating tramsfonosen for implementation with

sections 4.3 and 4.4 describing the hardware architectsignl Section 4.6 details the power
consumption results collected by the comparison made leetvlee conventional and decor
implementations of the LMS adaptive filter. It is importamtibte that 16-bit two’s complement

fixed point number representation is used in this chapterssnbtherwise explicitly stated.

4.1 Differential coefficient methods

The implementation of complex systems which facilitateelss communication requires
the use of efficient and flexible cores in their design. Thesesoften involve the repetitive
implementation of FIR filters and/or adaptive filters whialclude an FIR core[l]. In

the implementation of FIR filters and thus the adaptive filtkiere are two approaches,
sequential and parallel. The parallel implementation caximise throughput at the cost
of considerable additional hardware such as adders andptimrk. On the other hand, the
sequential implementation is cost and area-effective idvare although however does suffer

a bottleneck in throughput.

Power optimisation is a crucial part of FIR filter design wih ever increasing number of
published techniques to reduce the power consumption offit#Rs. The authors in [58]
optimise word-lengths of the input and output data sampldsaefficient values. This involves

the use of a general search based methodology which is basgdtistical precision analysis
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and the incorporation of cost/performance/power measatesan objective function through

word-length parameterisation[59]. In [60], Mehendalel gpeesent an algorithm for optimising
the coefficients of an FIR filter to reduce the power consuomptn its implementation on

a programmable DSP. The use of coefficient segmentatiok lgoocessing and combined
segmentation and block processing algorithms for low pdwRrfilter implementations have

been shown in [61]. High throughput FIR implementationsehaiso been described by the
authors in[62] and [63].

In most implementations of FIR filters the filter coefficieat® used directly to compute the
convolution with the input data. The differential coeffitienethod (DCM)[32] uses various
orders of differences between coefficients along with stontermediate results rather than
the coefficients themselves in the computation of the caniam. If fewer bits are required
to represent the differences compared to the actual casffgithe size of the arithmetic unit
in the filter can be reduced, hence reducing power consumpfitiis method does however
have an overhead a¥ — 1 additional latches (for storage of intermediate resulte) & — 1
additional adders (for addition of intermediate results)dn N tap filter. Although, greater
orders of differences have smaller magnitudes, the ovdrheguired by the DCM increases
as the order of differences is increased. There is theref@ant beyond which the gains due
to smaller coefficient magnitudes are less than the ovevatl @f overheads[32]. To minimise
the overhead while retaining the benefit of DCM, differeintiaefficient and input method
(DCIM)[64] and decorrelating (DECOR) transforms[65] haween proposed. Some of the
advantages of DECOR over DCM are listed as (a) lower ovesheadh given filter order, (b)
overheads being independent of the filter order and (c) pea@ngs over a wider range of
filter bandwidths. It can also be seen in [65] that the DECQ@Rgform is proposed for use in

adaptive filtering.

4.2 The decorrelating transform

In this chapter the decorrelating transform (DECOR) has lwd®sen for its advantages over
DCM and because of its proposed suitability for use in LMSpégta filters. The overhead
of the DECOR method is lower than that of the DCM method in haré terms and also in

storage terms.
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Figure 4.1: Block Diagram of Conventional DF FIR Filter

4.2.1 First-order decorrelating transform applied to FIR filters

As has been shown previously, the following convolutionasfgrmed by theN-tap FIR filter:

y(n) = Z bix(n — i) (4.1)

whereb;’s are the filter coefficientsy(n) andy(n) are thenth terms of the input and output

sequences, respectively. The direct form FIR filter is shiwkig.4.1.

The z-transform of (4.1) is given as:
Y(2)=H(2)X(z) 4.2)

whereY (z), H(z) and X (z) are the z-transforms of the output, filter and input respelti In

DECOR, the transfer functioH (z) is multiplied and divided by the polynomial:
T(z)=Q1+2z"H™m (4.3)

where m represents the order of coefficient difference. Thtransform of the output is

therefore given as:

1+="Hm

Y(z2) = H(»’«’)m

X(2) (4.4)
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Figure 4.2: Block Diagram of DECOR FIR Filter

The frequency response of the filter is not altered by muitigl and dividing the transfer
function H(z) by this polynomial. For example, thetransform of the first order low-pass FIR

filter is given by:

v(s = L2 MGy, @5)
which when rearranged gives
Y(2) = Y(2)z ' = H(2)X(2) — H(2)X(2)z7} (4.6)

N—-1 N—-1
y(n) —y(n—1) = Z biz(n —1i) — Z bix(n—1—1) 4.7)
=0 =0

Re-arranging (4.7) we can obtain the following equation ffcst order (m=1) differential

coefficients:

N-1
y(n) =boz(n) + Y (bi —bi_)a(n —i) —by_1z(n— N)+yn—1)  (4.8)
i=1
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Clearly as (4.8) shows, for first order differential coe#iuis, the filter outputs can be obtained
using the differences between adjacent coefficients (dtiar the first and last coefficients)
and the previous filter output. The transformed filter alspunees an additional multiplication
and subtraction operation to realise the tefby_i12(n — N)) in (4.8). Therefore, this
together with adding the previous filter output represemsaverhead for DECOR using first
order differential coefficients. The DECOR FIR filter diagr@gan be seen in Fig.4.2 with the
overhead section shown outlined. An example of the effe¢chefDECOR transform on the
coefficient distribution of a low-pass FIR filter can be seeffrig.4.3. This clearly shows the
resultant reduction in magnitude of the filter coefficieritan also be seen in equation (4.5)
that an extra pole-zero pair is introduced to the originahsfer functionH (z) at the position

z = 1in thez-plane. Thez-plane plot in Fig.4.4 shows that of a conventional 72 tap fit&,
with the plot in Fig.4.5 showing the resultant pole-zerot pibthe DECOR transformed filter.
The additional pole-zero pair at = 1 on the unit circle can be seen. To ensure stability of
the filter, the pole and zero introduced on the unit circle heasicel exactly. This additional
pole-zero pair is a result of the DECOR transform introdgdime feedback path, or recursive
section, at the output stage. The numerator polynofiiat z—!)H(z) creates the filter with

differential coefficients while the denominatdr — z~!) results in the feedback path.

4.2.2 Second-order decorrelating transform equation

In the same way, it can be shown that the output of the secaiet gm=2) DECOR filter can

be derived from the transfer function:

Y(z) = 1) X(2) (4.9)
with the outputy(n) expressed as:
N-1
y(n) = box(n) + (b1 — 2bg)z(n — 1) + Y _ (bi — 2bi_1 + bi_o)z(n — i)
i (4.10)

+ (by—2 —2by—_1)x(n — N) + by_12(n — N — 1)
+2y(n—1) —y(n—2)
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Figure 4.3: Coefficient distribution plot

However as the order of the DECOR filter is increased so is the overhead needed. For
the purposes of this chapter, only the first order transfoiithbe implemented as it has been
shown already for the DECOR FIR filter that the first order $farm provides the best power

reduction against the overhead incurred[66].

4.2.3 Modified DECOR transform

In the modified DECOR transform, the transfer functiiiz) is multiplied and divided by the

polynomial:

T(z)=(1+azP)m (4.11)

where m represents the order of coefficient difference,and 5 are parameters chosen

depending on the type of FIR filter.
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Figure 4.6: Block Diagram of LMS Core

The z-transform of the output is therefore given as:

X(2) (4.12)

Multiplying and dividing the transfer function by the polymial (1 + az=")™ therefore
introducesm poles andm zeros at each of thg roots of —a. If || is equal to 1 then all
new poles and zeros lie on the unit circle. To guaranteeliyahll new poles must exactly
cancel with the corresponding new zeros. |df does not equal 1 but1 < o < 1 then
the DECOR transform will place a pole-zero pair on= « inside the unit circle rather than
z = 1. This therefore provides a solution to guarantee stabilitiie event that a fixed precision

implementation results in a pole-zero pair not cancellixacty.

4.2.4 The decorrelating transform applied to LMS adaptive flters

The conventional LMS adaptive filter is typically made upwbtfunctional blocks. The weight
update (WUD) block and an FIR filter block which accepts fitteefficients from the WUD

block. The conventional adaptive filter block diagram isvehdn Fig.4.6.
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The weight update equation for a least-mean squares (LM&)isl
bi(n + 1) = bi(n) + pe(n)x(n — 1) (4.13)
wherey is the step size andn) is the adaptation error given by
e(n) = d(n) —y(n) (4.14)
whered(n) is the desired output of the filter.

Applying the DECOR transform to an adaptive filter involvle tlerivation of the following
from (4.1):

y(n) = —ay(n — B) + Z 5;(n)x(n — i) (4.15)

whered; is the DECOR filter coefficient. The complete derivation ofierhis provided in [65].
Thed;(n) DECOR coefficients are defined as:

bi(n), 0<i<§p
di(n) = bi(n) + abi_g(n—pB), B<i< N (4.16)
ab;_g(n — ), N<i<N+g

Using this, the DECOR adaptive filter can be constructedrd aee three blocks in the DECOR
adaptive filter, one to compute each of the equations in J4(23L5) and (4.16). These blocks
being a conventional WUD block using equation (4.13), theCOIR block which calculates
the decorrelated coefficients using (4.16) and the DECO® filiock employing the equation
(4.15). The block diagram of the DECOR adaptive filter candmnsn Fig.4.7.
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Figure 4.7: Block Diagram of DECOR LMS Core

In 4.16 it can be seen that the firstdifferential coefficients are the same as the origifial
coefficients calculated by the WUD block. The Igstoefficients are the last coefficients
from the WUD block multiplied by. The centreN — ( coefficients are either the sums or

differences (dependent upon the valuexdfeing 1 or -1) of the original coefficients.

4.3 Implementation of conventional LMS adaptive filter core

In order to evaluate the performance of the DECOR adaptiter fl conventional adaptive
filter core based on the convolution equation of (4.1) andhqushe LMS algorithm with

it's equations (4.13) and (4.14) was implemented. This entienal adaptive filter has two
functional blocks, as seen in Fig.4.6. A weight update bigk)D), which uses the data input
samples and an error signal to calculate new coefficientsadiiter block, which is generally

an FIR filter and employs the coefficients calculated by theD\Hlbck.

4.3.1 Conventional FIR filter block

A sequential FIR filter implementation was used to minimisedware cost and reduce
complexity at this point. Filter coefficients from the WUDobk are clocked into the filter

and presented to a single MAC unit which successively nliddpeach delayed input sample
with the appropriate filter coefficient and accumulates #wailits to provide the output sample

y(n). A diagram of the FIR block structure can be seen in F&3.Z his filter implementation
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Figure 4.8: Functional Diagram of FIR Filter Block.

consists of a single memory block (X RAM) for storing inputtala:(n), a control block
(CONTROL), a number of single word registers for clock synocisation and an arithmetic

block (MAC). More detail about these blocks is given:

e X RAM: This is a RAM used for the storage of the input dafa). The memory bank
is implemented as a latch based circular buffer of 16-bitstegs to minimise power
consumption. A demultiplexer at the input and a multipleadathe output of the memory

bank are used to address the memory locations and contcbarebwrite operation.

e CONTROL: A counter which provides addresses for the RAM kdoand is responsible
for the synchronisation of activity for every block in the Unit by providing all

necessary enable signals for the MAC and single registers.

e MAC: A conventional multiply-accumulate block consistiofya multiplier, an adder and
a 32-bit flip-flop based register. A simple multiplexer is dige either feed the output
back into the adder for accumulation or to clear the accutoubccording to the status
of an acc. enable control signal. A representation of the Mgk can be seen in the

diagram of Fig.4.9.
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Figure 4.9: Functional Diagram of MAC Block.

e REGISTERS: COEFF REG and OUT REG are 16-bit flip-flop basestexsg used for
clock synchronisation and to minimise critical data pathsrdy synthesis. Propagation
delay is therefore isolated between memory blocks andtatipaths in the arithmetic

unit.

4.3.2 Conventional weight update block

Within the WUD block there are a number of functional blocls slhown in Fig.4.10. It
consists of three memory blocks for storing the input dataRIAM), storing the calculated
filter coefficients (LMS RAM) and storing the filter weight®fn the previougn — 1) sample
(FIR W RAM), a control block (CONTROL) and a number of distribd arithmetic blocks
(AU MULT and AU ADD). A brief description of the main blocks given below:
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Figure 4.10: Functional Diagram of Conventional WUD Block.

CONTROL: This state machine controller includes a counteictv provides addresses
for the RAM blocks and is responsible for the synchronisabbactivity for every block
in the WUD unit.

IN RAM: This is a RAM used for the storage of the input data ), after having been
multiplied by the step-siza. The input data sequence is clocked into this RAM for the
use of the next multiplier AU MULT when calculating partidtdr weights.

LMS RAM: Upon calculation of partial filter weights the vakiare stored in this RAM,
being clocked in by the CONTROL block. Values are clockedaiuthe request of the
FIR filter to be presented to the AU ADD unit, the output of whizeing used directly

during calculation of a filter outpuf(n).

FIR W RAM: When clocking filter weights out of the LMS RAM (c@sponding to the

FIR filter addresses signal) the values are immediatelydhtidne filter coefficients from
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Figure 4.11: Functional Diagram of DECOR FIR Block.

the previougn — 1) output sample held in FIR W RAM by AU ADD and written back
into this FIR W RAM for subsequent calculation of filter weighor the next(n + 1)

sample.

A distributed arithmetic approach using the AU MULT and AU BDunits was chosen
to allow pipe-lining of coefficient calculation and to ensuhat critical timing paths were
minimised, this allows increased clock frequency whengrerfng synthesis of the design.
This arrangement also minimises the latency required tergém filter coefficients to the extent
that regardless of the length of the filter only + 2 clock cycles are needed to calculate a

complete set ofV coefficients.

4.4 Implementation of DECOR LMS adaptive filter core

The DECOR adaptive filter consists of three functional bipdeen in Fig.4.7. A WUD block,
based on an optimised implementation of the conventionaDMldck, a DECOR block for
calculating the DECOR filter weightf from the weights produced by the WUD block and a
DECOR FIR filter.
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Figure 4.12: Functional Diagram of DECOR MAC Block.

441 DECOR FIR filter block

The general architecture of the DECOR FIR filter used herddatical to the implementation
described in Section 4.3.1 with a number of important exoapt A functional diagram of the
first order DECOR FIR filter can be seen in Fig.4.11.

The first order DECOR FIR filter inherently requires one addal filter tap, this being due to
the DECOR transform producing the differences betwaeadjacent filter coefficients. The
result being thatV 4+ 1 DECOR coefficients); are used to calculate one filter output sample.
The filter therefore takes one extra clock cycle to calculageoutput sample and the overhead
needed becomes apparent here due to the single added mematipri needed to store the

extra coefficient.
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Figure 4.13: Functional Diagram of Generic Multiplier.

Contribution to overhead is also contained in the MAC bloftthe DECOR FIR filter due to the
extra multiplication and additions required by DECOR. Thedition of the previoug(n — 1)
sample seen in equation (4.8) means that the clearing logivei MAC block of the filter is
no longer needed during operation. Continual accumulatitmout clearing the accumulator
provides the result of adding the previous filter output,dbtput of the accumulator only need
be sampled at the correct instant to produce ouggpu). The CLACC logic can be kept for
resetting the MAC. A functional diagram of the MAC block camdeen in Fig.4.12.

There is also a difference in the MAC block of the DECOR FIRefilin that the reduction in
¢; coefficient word-length results in a reduction in the poresof the multiplier therein. The
multiplier size is therefore 16 x X where X represents thedsength of the coefficients output
by the DECOR block while the data word-length remains eqodl@ bits. This reduction in

coefficient word-length results in a smaller multiplier quamned to a conventional FIR filter.
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Figure 4.14: Functional Diagram of DECOR WUD Block.

Attention should also be given to the type of multiplier ugedhe MAC Block. It has been
shown that the use of a generic unsigned multiplier is begtddor use in the application
of the DECOR FIR filter[66]. The aim being that minimising tHamming distance between
coefficients will reduce switching activity in the multipii For these purposes then, before the
multiplier will be presented with values, the two’s complamrepresentation will be converted
into its unsigned form for multiplication. There is a pegald be paid in throughput latency
but the overall result will be a greater reduction in powerfuActional diagram of the generic

multiplier block used can be seen in Fig.4.13.

As only the first order DECOR filter is being investigated ais tetage, the hardware
implementation can be fixed without having to add the extraldware needed in higher order

DECOR implementation and the overhead required is far |[B@&r
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Figure 4.15: Functional Diagram of DECOR Block.

4.4.2 DECOR WUD block

A functional diagram of the DECOR WUD block can be seen in&it}. This DECOR WUD
block is largely identical to the conventional WUD block deked in section 4.3.2 and shown
in Fig.4.10. The difference lies in the state machine cdietravhich is modified to include
extra control signals which halt the calculation upon caetiph of N filter coefficients. This
is needed due to the WUD block performing the calculationNofilter coefficients while
the transform through the DECOR block calculates (the+ 1) coefficients required by the
first-order(m = 1) DECOR FIR filter.

4.4.3 DECOR block

The DECOR block represents part of the overhead in this imefgation. The DECOR block
used to calculate thg filter coefficients, contains a number of registers for sipthe previous
6,1 filter coefficients and also a subtract block. A functionagtam of the DECOR block

can be seenin Fig.4.15.
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4.5 Design methodology

At this point, discussion of the design flow used to obtairultesis important for this and
subsequent chapters in this thesis. The basic design fldhwvasin the flowchart illustration in
Fig.4.16. Conventional and low power architectures aredad Verilog hardware description
language at register transfer level (RTL). Once the fumeticspecification of the design is
verified against a Matlab model, synthesis is then carrigdusing either Synopsys Design
Compiler (dc-shell) or Cadence BuildGates to convert the Ribdel into a gate level netlist.
A standard delay format (SDF) file is also generated by théhegis tool to provide gate level
timing. DC wireload models were used in the synthesis flogeting a 0.18 standard cell
CMOS library as they can be shown to be accurate at these gaesneFor geometries at
or below 0.13% the use of wireload models alone would not be suitable. De€igmpiler
also generates a timing constraint file in SDF format for thie@ Ensemble design layout
tool. Post-synthesis netlist verification is then carried] @etermine if the design still meets
functional and timing specifications at the gate level usirgCadence Verilog-XL simulator.
If any specification is not met the RTL code and/or the timingstraints used during synthesis
will be modified. This loop is carried out until the specifioatis met entirely and no violations

are reported during simulation.

Power consumption results can be determined for a givegmesithe gate level and estimated
using the Synopsys Design Power tool. This uses the gaté netiést with the switching
activity from every net obtained from gate level simulattoncalculate dynamic power. The
switching activity for a given design is set in the testbemectd output by the Verilog-XL
simulator in a SAIF (switching activity file format) file. P@westimation can also be carried
out after layout and will provide more reliable results. Hus, Silicon Ensemble is used for
conversion of the gate level netlist and the timing constréie into a layout. This resulting
modified netlist, post layout SDF and the extracted net dapaes file are then used to verify
post layout functionality of the designs and then estimat@gyr consumption using Design
Power. Both the internal power and the switching power atailée and defined as dynamic
power consumed. Internal power comprises the power corgswitkin a cell boundary and is
a combination of the short circuit power and the power nedédecharging and discharging of
the capacitances within the cell. Switching power is defiagthe power used in the charging

and discharging of the load capacitance at the output ofla cel
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Figure 4.16: Design Cycle Flow Chart.
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—1 Unknown Sys

L LMS Core

Figure 4.17: Block Diagram of System Identification Configuration

4.6 Results

Two different adaptive filter cores have therefore been @mgnted, the first being the
conventional (CON) and secondly the 1st order DECOR. Botte Heeen analysed in terms
of area usage and power consumption. DECOR has been impkeinfem 16bit, 14bit, 12bit
and 10bit coefficient wordlengths in order to study the imipafcthe reduction in size of
the multiplier on area and power. For the purposes of thidysand to provide a consistent
comparison for both architectures, the carry-save arcag (multiplier was selected for use
throughout and level-sensitive latch based memory blocksevehosen. The cores were
designed using Verilog HDL and then synthesised using De§igmpilefMtargeting the
UMC 0.18y standard cell CMOS library. The requirements of the synghegre identical for
all cores. This was vital in order to allow for consistentajelpower consumption and area
usage comparisons. A netlist was created for each core akddmmotated netlist simulations
for a uniformly distributed random input data of 1000 sarapising Verilog-XL™simulator
were performed and verified against Matfl¥isimulation results. The resulting data, including
switching activity of the circuit nets was then used by SysyspDesignPowélMto determine
power consumption for the different adaptive filter cores.all of the above stages a clock

frequency of 100 MHz and a supply of 1.8 Volts were used.
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For the purposes of this chapter, results were collectedigusgie LMS adaptive filter in a
system identification configuration. The adaptive filteinigaiised to characterise a system with
'unknown’ transfer function. This was done to further vetifiat the adaptive filter was indeed
converging to the correct set of filter coefficients and abserisure stability. It became clear that
for this particular implementation of an adaptive filterngsthe DECOR transform, stability is
a major and ultimately limiting factor in its operation. Tkgperimental configuration can
be seen in the diagram of Fig.4.17. In reality the transfacfion of the 'unknown’ system
in this setup is programmable by the user thus validatingfuhetionality of the LMS core
by comparison of the programmed transfer function with tteady state transfer function
determined by the LMS core. The following power results ¢ffiere include only those of

the LMS core under investigation.

Attention should also be paid to the reliability of the resubbtained from the Synopsys
DesignPower tool. These results, while obtained usingistarg experimental procedure, are
estimatef dynamic power consumed due to switching activity calmdarom the compiled

netlist. The effects of carrying out a physical layout, @itg the number of input data samples
or particular input data characteristics used for simafatire examples of where variability
would be introduced. This therefore places a precisiontéditicin on the power results produced
by the tool in relation to the actual power consumed in angmighysical realisation of this

circuit in silicon. This should be kept in mind upon intergatgon of the following results. Any

reduction in power presented as a result of design optiraisa relative to a reference design
for which results are recorded using an identical design #o@ synthesis constraints. The
numerical results presented assert a precision consisiénthat of the performance of the
DesignPower tool estimation, however in reality the prieai®f such results is questionable in

terms of a physical realisation.
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Core type || Dynamic Power (mW)
CON 16bit 22.08

Table 4.1: Power Consumption for conventional adaptive core

Block || Dynamic Power (mW)
Error 0.04
WUD 13.94

FIR 8.10

Table 4.2: Power Consumption for functional blocks in adaptive core

Block Dynamic Power (mW)
Control 0.03
AU-MULT 2.58
IN-RAM 1.23
AU-MULT 2.60
LMS-RAM 1.28
Add 0.51
FIR-W-RAM 1.13

Table 4.3: Power Consumption of WUD block components

4.6.1 Power consumption for conventional adaptive core

An analysis of the power consumed by the conventional adaptbre is essential for
comparison to be made against the DECOR core and allows tlsidnal blocks consuming
the highest power to be identified. Power results are showrralote 4.1. A 73-tap adaptive
filter was analysed with step-size = 0.01. The total power consumed by the 16 bit
conventional core is 22.08mW. Synthesis constraints &itbtihe use of latch based memory

throughout.
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Figure 4.18: a) Power consumed by adaptive core blocks and b) by WUD blatiponents
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Algorithm Dynamic Power (mW)| % Change

CON 16bit 22.08 -
DECOR 16bit 20.94 -5.16
DECOR 14bit 20.13 -8.83
DECOR 12bit 18.88 -14.50
DECOR 10bit 18.01 -18.43

Table 4.4: Power Consumption analysis for different coefficient weryths

The power consumed by each of the functional blocks in the@taaacore is illustrated in
Fig.4.18(a). It can be seen that the weight update blockuwroas the most power, this follows
as by its nature it is the most computationally complex. THe fiter is the next highest,
containing a single multiply-accumulate block, and th@ecalculation block is the lowest in
terms of power consumed. Already, it is apparent that the OE@ansform technique does
not target the largest block level power consumer in the anterelies only upon reducing the

power consumed by the FIR block which is the second highegepoonsumer.

4.6.2 Power consumption for DECOR adaptive core

Power results for the DECOR implementation are shown in€ldl. A 73-tap DECOR
adaptive filter was analysed with step-size= 0.01. Performance analysis was carried out
using four different coefficient wordlengths each of whiging implemented individually in
Verilog. The coefficient wordlengths for each implememtativere chosen to highlight the
effects of using the DECOR transform and its limitations.bl&a4.4 shows that for the 1st
order DECOR transform a decrease in coefficient wordlerghlt®in an increase in thaverall
power saving achieved. As has been indicated, the DECORftnan is implemented within
the FIR block of the LMS core only and targets a power redactigerein. The reduction in
coefficient wordlength presented to the FIR MAC block therefreduces the switching activity

in the arithmetic units thus reducing the dynamic poweripied.
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Figure 4.19: Power Consumption for Main Functional Blocks

Algorithm Dynamic Power (mW)
DECOR 16bit 0.70
DECOR 14bit 0.61
DECOR 12bit 0.53
DECOR 10bit 0.47

Table 4.5: Power Analysis for Decor Block

A breakdown of the power consumed by different blocks withiith adaptive filter design
shows where the overhead in this technique lies and whegrdlagest power savings are made.
The graph in Fig.4.19 shows the power consumed by the mairtifumal blocks within the
adaptive filter and illustrates the block level power diatign in each implementation relative
to one another. Attention must be brought to the resultaetadlvreduction in power even
though Fig.4.19 clearly shows that the FIR block in the DECi@plementation actually
consumes more power than the conventional core until thfficdeat wordlength reaches

10 bits. This is dealt with in the following section which ds comparison between the
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Algorithm Dynamic Power (mW)| % Change

CON 16bit 5.185 -
DECOR 16bit 7.07 +36.35
DECOR 14bit 6.57 +26.75
DECOR 12bit 5.75 +10.88
DECOR 10bit 5.15 -0.77

Table 4.6: Power Analysis for MAC Block Within FIR

Algorithm Dynamic Power (mW)| % Change

CON 16bit 8.31 -
DECOR 16bit 9.76 +17.38
DECOR 14bit 9.10 +9.40
DECOR 12bit 8.02 -3.56
DECOR 10bit 7.22 -13.15

Table 4.7: Power Analysis for FIR Filter Block

conventional and DECOR implementations. Table 4.5 showsptwer consumption of the
Decor block for each coefficient wordlength implementatiobue to the number of bits
representing the filter coefficients being reduced, the pawasumption of this block is

reduced accordingly.

4.6.3 Comparison between conventional and DECOR core

A reduction in power consumed by the DECOR FIR block can be seethe coefficient
wordlength is reduced. This being the aim of the DECOR t@mnsfin that the filter
coefficients presented to the MAC within the filter are direceduced. Table 4.6 shows
the power consumption of the MAC within the CONV filter and hiit the DECOR filter
for each implementation. Table 4.7 shows the power resoltstfe FIR block in each
implementation. Not until the coefficient wordlength reesHO bits does the MAC in the
DECOR implementation contribute to the overall power sgviithe overhead present in the

extra calculations requiring processing within the MACdidy the DECOR algorithm is not
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Algorithm Area (um?) || % Reduction
CON 16bhit 1103487.13 -

DECOR 16bit|| 951924.25 13.7
DECOR 14bit|| 948440.00 14.1
DECOR 12bit|| 944398.69 14.4
DECOR 10bit|| 941235.69 14.7

Table 4.8: Area analysis for different Coefficient word-lengths

therefore mitigated by a net power saving until a coefficisotdlength of 10 bits or less is

used.

Some minimal optimisation can be made to the WUD block in ithmiglementation. Looking

at the difference in power consumption between the 16 bit GOaptive filter and the 16 bit
DECOR adaptive filter highlights this. The X RAM used in thezentional adaptive filter can
be replaced by a latch based shift register in DECOR seergid B¢, which reduces overall
power consumption. The implementation of DECOR createsx#a dilter coefficient thus

allowing the shift register to be used as the timing of cdrgignals is modified. Essentially the
extra filter weight created by the DECOR transform allowsdbetrol timing of the DECOR

WUD block to tolerate propagation delay of the stored coeffits through the shift register.

It can also be seen however that the overhead introduceaiyECOR block in terms of power
consumed, is very low in relation to other blocks and changey little as the wordlength
in the DECOR implementations reduces. A small reductiorhan pjower consumed by the
DECOR block in each implementation is evident due to thectdu in coefficient wordlength
it calculates. A major benefit of this architecture is thatlibgic gates required by the DECOR

block is minimal and therefore does not present a great peimatierms of power or area.

4.6.4 Area overhead and comparison

Area results are shown in Table 4.8. These results cleady she considerable overall area
overhead present in the implementation of the DECOR FIR.fikeavordlength reduction of 6

bits is needed before the 1st order DECOR filter will dematstany power saving in the MAC
block. This overhead is due to the extra multiplications additions needed in the DECOR

algorithm. In practice, implementation of a DECOR filterlatit a reduction in the coefficient
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wordlength would never be worthwhile given that the verypmse of the DECOR transform

is to reduce this parameter. It has simply been done to pointhe@ overhead present in the
design. Nonetheless, it can be seen that due to optimisatibe WUD block an overall power

saving can be made for the adaptive filter as a whole. Thisddalthe optimisation of the(n)

input data storage in the WUD block.

4.7 Summary

This chapter has presented the complete implementatiorhefDECOR transformation
technique for low power adaptive filtering cores. The teghaiwas implemented for different
DECOR coefficient word-lengths. The results demonstrat@vaep saving in the range of
5 - 15 % for coefficient word-lengths varying from 16 bits to hils when compared to a
conventional adaptive filter implementation. At the sam®etian area saving of up to 15 % is

achieved due to optimisation that can be carried out in tseyde

This DECOR technigue however is not without severe linotati when used in an LMS
adaptive filter. Firstly, the DECOR technique targets thi flter block within the adaptive
core for power reduction. The FIR block is not the higheststomer of power in the design with
the weight update block being the more computationally deripSecondly, the application
of the DECOR transform to the LMS adaptive filter results inese stability issues. It would
be difficult and impractical therefore to justify the use bistmethod of power saving in a
real-world application regardless of the proven reductiopower consumption that has been

shown here.
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Chapter 5
Variable Length Adaptive Filter Core

This chapter describes the use of the variable length dtgorfor dynamically updating the
tap-length of the LMS adaptive filter to optimise performaiand for reducing the power in the

adaptive filter core[38]. A novel HDL implementation of tlakyorithm is presented.

This chapter is organised into five sections. Section 5.bdinices the motivation for the
concept of dynamically updating the tap length of the adapfilter and provides detail of
accompanying research on the topic. Section 5.2 gives awieweof the techniques used in
the length update algorithm chosen for implementation wéhtions 5.3 and 5.4 describing
the hardware architecture design. Section 5.6 presengsthier consumption results collected

from the implementation of this architecture.

5.1 \Variable length adaptive filter techniques

Attention here is concentrated on the design of adaptiverifily cores, heavily constrained
in power and area requirements for use in mobile wirelessicgipns. In these mobile
communication systems channel equalisers are used toateititpe effects of inter-symbol
interference introduced by the wireless channel. In timeyimg channels the equaliser
will track the the change in the channel impulse responsenedri equalisers are typically
implemented using adaptive finite impulse response (FIRrsil[1] with filter coefficients
being recursively updated using either the recursive Egstres (RLS)[67] or more commonly
the least mean squares (LMS) algorithm[68] as is used indiudy. The performance of
the adaptive filter can be measured in a number of ways. Catpodl complexity, rate of
convergence, tracking ability and the resultant steadig steean square error (MSE) are all
ways to determine the performance of the filter. The numbeams in the FIR structure also
has a critical influence on the performance and computdtiomaplexity of the equaliser.
An equaliser with too many taps will be computationally freént and therefore consume

more power than need be, may have reduced tracking and gemger performance and may
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introduce a degradation in mean squared error (MSE) pedioce due to limitations of the
LMS algorithm itself. Whereas, an equaliser with too fewstayll be unable to reach the
desired level of distortion mitigation. If the number of $ajm operation is low then MSE
performance will improve as taps are added until the optinmumber is reached. Coupled
with this is the time variant nature of wireless channelsclhideally requires the ability of
the equaliser to alter the number of taps in operation witieti Optimising the number of
taps in operation is highly desirable due to the ability te as few taps as possible. This will
speed the rate of convergence and reduce computationallexitpgherefore saving power,

all without detriment to the MSE performance[68].

The technique of varying the length of the LMS filter was finstgented by the authors of [39]
with an algorithm which proved that a filter with fewer tapdivave a faster convergence
than that of a filter with a higher number of taps. This vagalingth stochastic gradient
(VLSG) algorithm demonstrates an LMS adaptive filter whieln @ccomplish a change in its
length from being initially low, therefore aiding fast camgence, gradually increasing over
time to achieve the low steady state MSE performance claistit of higher order filters. In

[40], Won et al. went on to propose another variable lengthfSLML-LMS) algorithm using

a time-constant concept whereby several filter lengths erdegpermined and filter length is

increased to the next predetermined value when conditiensadisfied.

Both the algorithms referred to previously however offelydhe ability to increasethe filter
length over time to satisfy the contradictory goals of famivergence and good steady state
performance. As a progression from the previous methodsuthors Riera-Palou et al. of [38]
specifically present a linear equaliser using an algorithethd¢an dynamically and automatically
increase or decrease the length of the filter. Using a segu &R filter structure and a weight
update algorithm the optimum, and in this case minimum regunumber of taps are operated.
Further to this, [69] presents a method whereby the optimemgth of the adaptive filter is
determined. In this case the number of filter coefficientsnafirknown system are found using
the LMS algorithm in a system identification setup. This methises the MSE output from
a number of individual LMS adaptive filters in parallel to elehine the number of unknown
system coefficients and their values. This does not lentl el to a circuit implementation
which is constrained in terms of its area and power. Finally0], the authors present the most
recent proposal for the variable length LMS algorithm. Tddggorithm uses a method whereby

the filter length is varied according to the negative gradarection of the estimation error.
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The familiar gradient decent method is used to track themapt filter length with constraints

included to avoid unexpected behaviour and guarantee gyvee.

5.1.1 Adaptive filter length analysis

For the static channel where channel coefficients remairstanty the optimum equaliser
coefficients can be found by solution of the Weiner-Hopf é¢iquaif the channel impulse

response is known. This is given by:

w=R"'p (5.1)

WhereR is the auto-correlation matrix af(n) andp is the cross-correlation matrix between
z(n) andd(n), wherez(n) is the input vector to the equaliser ad(h) is the original source

data.

The LMS algorithm tries to find the Weiner solution for the aliger by constantly updating the
filter coefficients in accordance with the error sigagk) when the channel impulse response

is unknown and varying with time.

From [37], the MSE produced by the LMS filter can be expressed a

J(n) = Elle(n)*] = Jmin + Jez(n) (5.2)

where the MSE,J(n), is made up of the two componentfs,;, and Je;. Jnin iS dependent
upon channel conditions and the number of taps in the egualis value will decrease as the
number of taps in the equaliser increasés, is the excess MSE (EMSE) and is related to the
specific adaptive algorithm in use. In the case of the LMSrélyn the EMSE is attributed to
inaccurate estimation of the gradient vector and the treckiror in the case of a time varying
channel. When the LMS algorithm has reached the steady, sketeMSE achieved can be

expressed as shown in [1] as:

M

k=1

Ak
2 — ,u)\k

(5.3)
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where \;, is the kth eigenvalue of the auto-correlation mati If the step-sizeu is kept
constant ther/(oo) can be reduced by either reducidg,;,, or by reducing the second term
in 5.3 and ag: is normally small, the second term has little influence onaberall value for
J(o0). Under normal circumstances, when the SNR level in the aaisnhigh, a longer
equaliser will result in a lowet/,,;,, than that of a shorter equaliser. However when the
SNR in the channel is low thd,,;, of the short equaliser is almost the same as that of the
longer equaliser. Therefore, increasing the length of thekser will not result in better MSE

performance and there is no advantage to be gained by haviargtaps in operation.

5.2 Variable length algorithm

In this chapter the variable length LMS algorithm proposed38] has been chosen for its
simple and efficient circuit implementation. This variatdagth algorithm provides the ability
to dynamically increase or decrease the number of filteritapperation using the segmented
FIR filter approach. The details of operation of this aldoritwill be presented in the following

subsections followed by its proposed implementation imigve section.

5.2.1 The LMS adaptive filter

An N-tap FIR filter performs the following convolution:

y(n) = Z bix(n —1) (5.4)

whereb;’s are the coefficients of the filte;(n) andy(n) are thenth terms of the input and
output sequences, respectively. The weight update equftiica least-mean squares (LMS)

filter is
bi(n + 1) = bi(n) + pe(n)a(n — i) (5.5)
wherey is the step size andn) is the adaptation error given by
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Figure 5.2: Block Diagram of Segmented FIR.

e(n) = d(n) — y(n) (5.6)

d(n) is the desired output of the filter, i.e. the transmitted aigA block diagram representing

the LMS adaptive filter can be seen in Fig.5.1.

5.2.2 Segmented filter

The use of a segmented filter involves splitting/drtap FIR intoM concatenated sub-filters

of P taps each, such tha&l = M P as shown in Fig. 5.2. Each segment produces an output
ys(n) (with 0 < s < M) of the input data:(n). The output of the last segment(_1(n)) will

be the same as the output of a conventiaiaiap FIR filter. In theory the overhead associated

with this method however is the need fof — 1 extra adders.
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5.2.3 Length update equations

When used in a linear equaliser, the segmented filter destiib5.2.2 produces an estimate
ys(n) of the transmitted signal(n). The information provided by the various equaliser outputs
ys(n), can be exploited to compute a corresponding error sigytal) according to (5.6) such
that

es(n) = | d(n) — ys(n)| (5.7)

The distinct error signals can be squared and averaged &nadm output MSE measure for
each sub-filter. The MSE is defined as:

MSE,(n) = E[|d(i) — ys(i)]"] = =—— (5.8)

The performance criteria used to evaluate the differentfiiiglos is the accumulated squared

error (ASE) and is defined as

ASE (n) = 3 _|d(i) — ys(i)]*= D es(i)? (5.9)
i=1 i=1

The advantage of using the ASE is that the repetitive contiputaf division, used in the
calculation of MSE, is removed. The aim of the length upddgmrahm is to detect the
sub-filter at which the ASE becomes insignificantly smalleeeen larger than the previous
sub-filter. The algorithm proposed in [38] to control the manof active sub-filters involved

in equalisation, assuming the equaliser Hasctive segments, is outlined as
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Figure 5.3: Variable Length Adaptive Filter.

n

ASEw_1(n) = > "7 Y d(i) — yw-1(3)| (5.10)
i=1

n

ASEw(n) = 3" 7Y d(i) — yw (@)| (5.11)
i=1

If ASEw (n) < aypASEw_1(n)

= +1 sub-filter (P extra taps) (5.12)

If ASEw(n) > adeSEW_l(n)
= —1 sub-filter (P fewer taps) (5.13)

where 0< oy, < ag, < 1 and determine the amount of worsening or improvement nagess
to force the equaliser to expand or contragt. is a forgetting factor and is< 1. A more

detailed derivation of this algorithm can be found in [38].

65



Variable Length Adaptive Filter Core

5.3 Implementation of the conventional LMS adaptive filter ore

In order to evaluate the performance of the variable lengtaptive filter a conventional
adaptive filter core based on the convolution equation ef)(&nd using the LMS algorithm
with it's equations (5.5) and (5.6) was implemented. Theveational implementation used is
exactly the same as that used in Chapter 4, detailed in settBo This conventional adaptive
filter has two functional blocks, as seen in Fig.5.1. A weigpdlate block (WUD), which uses
the data input samples and an error signal to calculate nefficdents, and a FIR filter block,

which employs the coefficients calculated by the WUD block.

5.3.1 Conventional FIR filter block

A sequential FIR filter implementation was used to minimisedware cost and reduce
complexity. Filter coefficients from the WUD block are cleckinto the filter and presented
to a single MAC unit which successively multiplies each geth input sample with the
appropriate filter coefficient and accumulates the resuoltgrovide the output sample y(n).
This filter implementation consists of a single memory bléak storing input datac(n), a

control block, a number of single word registers for clockdyonisation and an arithmetic

block. More detail about these blocks has been given in teequis chapter, section 4.3.1.

5.3.2 Conventional weight update block

Within the WUD block there are a number of functional blockisconsists of three memory
blocks for storing the input data, storing the calculate@fitoefficients and storing the filter
weights from the previou&:— 1) sample, a control block and a number of distributed aritiomet

blocks. A description of the main blocks has been given imptteious chapter, section 4.3.2.

5.4 Implementation of variable length adaptive filter core

Basing implementation of this design on the algorithm dbsdr in [38], the variable length
adaptive filter consists of three functional blocks and carséen in Fig.5.3. A WUD block,
based on the implementation of the conventional WUD blockwiith an enhanced control
block, a length update (LUD) block, used to calculate the A8lHes and control the increase or

decrease in the number of filter taps using the error signéts ande;_,(n), and a segmented
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Figure 5.4: Block Diagram of Varible Length WUD Block.

FIR filter block are all required.

5.4.1 Weight update block

The finite state machine (FSM) control element in the corigaat WUD block is replaced by
an enhanced design which accepts the tap-length data fieiiltB block, controls all timing
signals and correctly addresses the various RAM elemetite WUD block appropriate to the
added functionality of the length update algorithm. Thikaaced control element is the only
alteration made to the WUD block and enables the correchtimand synchronisation of the
block to allow the length of the adaptive filter to increaselecrease based on the output value
of the LUD block. A diagram of the WUD block used in the varltgngth core can be seen
in Fig.5.4.
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Figure 5.5: Block Diagram of Segmented FIR Filter.

5.4.2 Segmented FIR filter

The segmented structure of the FIR filter allows the calmriadf sub-filter outputgs(n) and
thus the error signals used to evaluate the error perforenafithe NV tap filter and(NV — P) tap
filter (P being the number of taps in one sub-filter or segment). Indbg@gn the segmented
FIR filter will calculate an output dependent on the numbaraaffficients presented to it by the
WUD block. It is the output of sub-filter results that areicdt to the operation of the variable
length adaptive filter design. A representation of the stmecof the segmented FIR filter can
be seen in Fig.5.2 to demonstrate the principle of operatiothe design and implementation
of the segmented filter however, it was found that due to tleeofi® sequential FIR block in
the conventional adaptive core implemented previousét, gshb-filter results could be captured
at the output of the accumulator without having to include famther adders. The accumulator
calculates an output value for every filter coefficient, éfiere at the appropriate instant any
of the sub-filter outputs can be latched and used for errautaion. This is contrary to the
structure represented in Fig.5.2 and proposed in [38] waeiextra adder is required for every
sub-filter outputs(n) and the number of taps per sub-fil#iis fixed, thus a hardware saving is
achieved. A block diagram of the implementation chosenHersegmented FIR filter is shown
in Fig.5.5.

68



Variable Length Adaptive Filter Core

es—1(n) es(n)

clk
— 16 16
\ 4

ACC_ERRO# ACC_ERROR

16 16
\ 4

4

COMPARATOR_UNIT

FSM CONTROL

UP/DWN COUNT

L(n)

\

Figure 5.6: Block Diagram of Length Update Block.

error acc-en

16

16

ADD

clk

> ACC REG

16

ASE(n)

\

Figure 5.7: Block Diagram of Accumulator used in LUD Block.
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Figure 5.8: FSM Control used in LUD Block.

5.4.3 Length update block

The LUD block takes the error signals from the last two FIR-Bliérs, es(n) ande;_;(n)

and calculates the respective ASE of equations (5.10) arid)(fusing accumulator units.
A functional block diagram of the LUD block can be seen in 5i§.with the structure of
the identical accumulator units shown in Fig.5.7. At thisnpahe LUD algorithm has been
modified to reduce complexity when implemented in a fixed paiohitecture. The windowing
function 3 has been removed and the forgetting faciegs and «,, are substituted by using
a threshold value for each rather than performing the nigépon of o, and ag,,, With the

respective ASE values. Simulation showed this to be nordetri to the operation of the
algorithm. The number of samples over which the ASE valuesecumulated can effectively
be varied between 0 and 255, this is determined by the valyisteeed during initialisation
which controls the size of the counter used in the accumulatds. The effect of varying

the accumulator interval simply determines how often théDLWwill update the length of the
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equaliser. A greater number of samples can be accumulatgalysby extending the range of
this counter but it was chosen to be 8 bits wide in this case ABE values are latched and
presented to a comparator unit in accordance with the langghte algorithm. A state machine
controller in the LUD block then increments or decrementa@down counter according to the
instantaneous comparator result to provide a tap-lendtreva&his LUD controller initialises

the up/down counter and controls timing of the arithmetidsupresent. The state diagram
implemented in the LUD controller can be seen in Fig.5.8. mhmber of taps initialised at
reset is selected by the user and the maximum number of tapshy the maximum size of the
memory blocks and counters in hardware. The algorithm cantte tap length of the filter to

integer multiples of sub-filter siz€ with the minimum size being taps.

5.5 Design methodology

The basic design flow is the same as that detailed in sectfon €onventional and low
power architectures are coded in Verilog hardware dessniganguage at register transfer
level (RTL). Once the functional specification of the desgwerified against a Matlab model,
synthesis is then carried out using either Synopsys Desmnpler (dc-shell) or Cadence
BuildGates to convert the RTL model into a gate level netsstandard delay format (SDF)
file is also generated by the synthesis tool to provide gatd taning. Design Compiler also
generates a timing constraint file in SDF format. Post-sgithnetlist verification is then
carried out determine if the design still meets functiornad &iming specifications at the gate
level using the Cadence Verilog-XL simulator. If any speeifion is not met the RTL code
and/or the timing constraints used during synthesis wilifmlified. This loop is carried out

until the specification is met entirely and no violations wported during simulation.

5.6 Results

Two different adaptive filter cores have therefore been émanted, the first being the
conventional (CON) and secondly the variable length (VARS). Both have been analysed
in terms of area usage and power consumption and in channeliger configuration. For the
purposes of this study and again to provide a consistent adsgm for both architectures,
the carry-save arrayc$g multiplier was selected for use throughout and latch basechory

blocks are used. The cores were designed using Verilog HRL then synthesised using
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Core type | Dynamic Power (mW)
CON (64tap) 21.01

Table 5.1: Power Consumption for conventional adaptive core

Block || Dynamic Power (mW)
Error 0.041
WUD 13.15

FIR 7.819

Table 5.2: Power Consumption for functional blocks in adaptive core

Design Compilet™ targeting the UMC 0.18 standard cell CMOS library. The requirements
of the synthesis were identical for all cores. This was vittabrder to allow for consistent
power consumption and area usage comparisons. A netlistcreaged for each core and
back-annotated netlist simulations for a uniformly diaited random input bipolar binary
data of 10000 samples using Verilog-X{. simulator were performed and verified against
Matlab™ simulation results. The resulting data, including switghactivity of the circuit nets
was then used by Synopsys DesignPdWeto determine power consumption for the different
adaptive filter cores. In all of the above stages a clock feqy of 100 MHz and a supply

voltage of 1.8 Volts were used.

Again these results, while obtained using consistent éxgertal procedure, arestimatesof

dynamic power consumed due to switching activity calcddtem the compiled netlist as is
described in section 4.6. The numerical results presenmtedansistent with the precision of
the DesignPower tool estimation, however in reality thejsien of such results is questionable

in terms of a physical realisation.

5.6.1 Power consumption for conventional adaptive core

An analysis of the power consumed by the conventional agamtbre is again made for
comparison against the variable length core. The fundtibiecks consuming the highest
power are identified. Power results are shown in Table 5.14-fap adaptive filter was analysed

with step-sizey = 0.01. The total power consumed by the conventional adafitter core is
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Block Dynamic Power (mW)
Control 0.03
AU-MULT 2.31
IN-RAM 1.18
AU-MULT 2.60
LMS-RAM 1.21
Add 0.46
FIR-W-RAM 1.08

Table 5.3: Power Consumption of WUD block components

Core (No of Taps)|| Dynamic Power (mW)/| % Difference
CON (64) 21.01 -
VAR LMS (64) 21.89 +4.19
VAR LMS (56) 20.77 -1.14
VAR LMS (48) 19.63 -6.57
VAR LMS (40) 18.48 -12.04
VAR LMS (32) 17.37 -17.33
VAR LMS (24) 16.20 -22.89
VAR LMS (20) 15.62 -25.65
VAR LMS (16) 15.05 -28.36

Table 5.4: Power Consumption analysis for different equaliser tapgths

21.01mW. As has been shown by the analysis in the previoystehahe weight update block
consumes the most power, this was explained as it is the roogbutationally complex. The
results in Table 5.2 show the power consumed by each of the fuactional blocks in the
adaptive core. The FIR filter is the next highest, contaimrsingle multiply-accumulate block,
and the error calculation block is the lowest in terms of pogmsumed. The results in Table

5.3 show the power consumed by each of the functional blodtksnithe WUD block.
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Figure 5.9: Power Consumed by functional block for different tap lesgth

5.6.2 Power profile for variable length adaptive core

Initial power results for the variable length LMS implemation are shown in Table 5.4. A
64-tap variable length adaptive filter was analysed with-sieep, = 0.01. In this casé/ = 18
and P = 4 taps/segment. Performance analysis was initially @dwmut to establish the power
profile for a number of discrete tap lengths. Table 5.4 gfestitbws an increase in power saving
achieved as the number of taps in operation decreases, & meaxpected. At this point the
LUD block is in operation but the WUD block is not being allaiveo alter the number of
filter coefficients it calculates for presentation to theefilblock. This was done by tying off
the length control signal from the LUD block and applying aefixvalue to the WUD block
controller. These results therefore represent the stdatly gower consumed by the core once

the length update algorithm has converged to an optimum euofidaps for operation.

A breakdown of the power consumed by different blocks witthie design shows where the
overhead in this technique lies and where the greatest avergs are made. Table 5.5 and the
graph in Fig. 5.9 show the power consumed by the WUD block, Ildak and segmented FIR

block within the variable length adaptive filter and illgis the block level power dissipation
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Core (No of Taps)| WUD Block (mW) {| LUD Block || FIR Block || Error Calc

CON (64) 13.15 - 7.82 0.041
VAR LMS (64) 13.15 0.88 7.82 0.041
VAR LMS (56) 12.36 0.83 7.54 0.039
VAR LMS (48) 11.54 0.78 7.27 0.037
VAR LMS (40) 10.72 0.74 6.99 0.035
VAR LMS (32) 9.96 0.69 6.69 0.032
VAR LMS (24) 9.12 0.65 6.40 0.030
VAR LMS (20) 8.71 0.62 6.26 0.028
VAR LMS (16) 8.28 0.61 6.13 0.027

Table 5.5: Power Consumption analysis for functional blocks

Core (No of Taps)|| Dynamic Power (mW)| % Difference
CON (64) 13.15 -
VAR LMS (64) 13.16 +0.07
VAR LMS (56) 12.36 -6.01
VAR LMS (48) 11.55 -12.17
VAR LMS (40) 10.72 -18.48
VAR LMS (32) 9.96 -24.26
VAR LMS (24) 9.11 -30.72
VAR LMS (20) 8.71 -33.76
VAR LMS (16) 8.28 -37.03

Table 5.6: Power Comparsion for CON WUD and VAR-LMS WUD Blocks

for various tap lengths.

5.6.3 Comparison between conventional and variable lengttore

Comparison of the power consumed by the CON 64 and VAR 64 chtewn in Table 5.4

highlights the overhead in the implementation of the lengitate algorithm. The difference
in total dynamic power between the cores is 0.88mW which iarease of 4.19%. This is
accounted for by additional logic in the LUD block and an axdrror calculation. From this it

can be seen that the penalty of the overhead is easily comgenfor by the potential saving
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Core (No of Taps)|| Dynamic Power (mW)/| % Difference

CON (64) 7.82 -

VAR LMS (64) 7.82 -

VAR LMS (56) 7.54 -3.54

VAR LMS (48) 7.27 -7.05

VAR LMS (40) 6.99 -10.65

VAR LMS (32) 6.69 -14.41

VAR LMS (24) 6.40 -18.11

VAR LMS (20) 6.26 -19.98

VAR LMS (16) 6.13 -21.61

Table 5.7: Power Comparison for CON and VAR-LMS FIR Filter Blocks

in power that can be achieved.

A reduction in power consumed by the WUD block and the FIR lbicgn be seen as the tap
length decreases. This being the aim of the variable lerggthin that the computations carried
out in the arithmetic blocks within each are reduced diyeatl the number of taps in operation
is reduced. Table 5.6 shows the power consumption of the WIoEkwithin the CONV filter
and within the VAR-LMS filter for different tap lengths. Tabb.7 shows the power results
for the FIR block in each implementation. The power redurciio percentage terms for both
blocks individually can clearly be seen. These results detnate the effectiveness with which
the variable length algorithm targets the WUD block as tlghést consumer of power and also
provides a reduction in power in the FIR filter block. A redantin power of between 6% and
37% can be achieved in the WUD block and between 3.5% and 2ih8&¢ FIR filter block

over the range of tap lengths.

It can also be seen that the overhead introduced by the VAR-irivblementation in terms of
power consumed, is very low in relation to the CONV adaptilterfiand does not change as
the number of taps decreases. The power overhead is treesily offset by the benefit of

being able the optimise the tap length of the filter.
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E/Ny || No of Taps|| Dynamic Power (mW)
5 12 14.80
10 16 15.32
15 20 15.87
20 28 16.98
25 36 18.07
30 52 20.26

Table 5.8: Power Consumption analysis for different ingif V

5.6.4 Power analysis for dynamic tap length optimisation

When the length update algorithm is employed to determimeotitimum number of taps,
fundamentally power is saved due to the fact that a filter eatar fixed length will not achieve
a better steady state MSE than the optimised case. Againdthep6variable length adaptive
filter core was analysed with step-size= 0.01,M = 18 andP = 4 taps/segment. The ASE is
accumulated over 100 samples, i.e. the length update tdgovill increase or decrease the
number of filter taps in operation every 100 data symbols.chiese the optimisation operation
of the length update algorithm the core is used to equalibaare! of fixed profile with varying
levels of noise present. This is quantified by generatingiamat signal:(n) adding calculated
E /Ny levels and allowing the filter to converge to a steady statee ystem model used to
gather these results is shown in the diagram of Fig.5.10.chhanel tap coefficients are set to
random values exponentially decreasing in average powéraxponent powers of 0 to -4 in

unity steps.

The graph of Fig.5.11 shows the optimised steady state llitgyth of the VAR LMS core for
various inputE /Ny levels. Again, in this cas@/ = 18 andP = 4 taps/segment. The power

consumption results can be seen in Table 5.8.
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Figure 5.11: Number of taps for varyind’ /N,

Core Area (um?) || % Difference
CON 451255.0 -
VAR LMS 479232.81 +6.2

Table 5.9: Area analysis for different adaptive filter cores

5.6.5 Area comparison and overhead

Area results are shown in Table 5.9. These results show thdittle area penalty in the
implementation of the variable length algorithm. The oeethis present in the design due to
the logic required by the LUD block, which consists of two @atwilator blocks, a comparator,
the FSM control and an up/down counter. There is also a midditian in logic terms
made to the WUD block FSM control for the purpose of timing agdchronisation. It can
be seen that the overhead in core area amounts to an increés2% in the VAR LMS
implementation over the CON implementation. The clock diextpy chosen in the verification
of these implementations reflects the frequency that thnegis constraints will comfortably
allow without timing violation in critical paths. A reducin in the core clock frequency used

will result in a reduction of power consumed accordingly.
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5.7 Summary

This chapter has presented a novel architectural VLSI imptgation of a dynamically length
optimised LMS adaptive filter for use in channel equalisatibhe technigue was implemented
in a 64 tap adaptive filter core and demonstrates length @gattian with varying input
E/Ny. The results demonstrate a power saving is achieved by igptgnthe number of
taps in operation. Results have shown a power saving of 28%beachieved for a variable
length architecture optimised to 16 taps over a converitidtdap fixed length adaptive filter
architecture. It has also been shown that the low-compl@fithe additional circuitry needed

for the variable length adaptive filter presents minimalrbead for this architecture.
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Chapter 6

Low Power LMMSE receiver
architecture

This chapter proposes the use of the variable length addijiter core developed and explained
in detail previously in Chapter 5 for use in a hardware oédilow power implementation of

the adaptive LMMSE receiver. A novel HDL implementation loistarchitecture is presented.

This chapter is organised into seven sections. Sectionnfrdduces the motivation for the
concept of the adaptive LMMSE receiver and provides defatoompanying research on the
topic. Section 6.2 describes the system model used for cegidn of the LMMSE receiver

design. Sections 6.3 and 6.4 give an overview and analystheotechniques used in the
operation of the receiver chosen for implementation witbtieas 6.5 and 6.6 describing
the hardware architecture design. Sections 6.7 and 6.&mirélse design-flow and power

consumption results collected from the implementatiorhi &rchitecture.

6.1 LMMSE Techniques

As has been discussed in Chapter 3, linear minimum meanequar (LMMSE) techniques
can be used to obtain near-far resistant receivers in DS-&Bstems and overcome the
limitations of conventional RAKE receivers. Investigatiof such receivers is important as
their use has been proposed for application in wideband-BQW-CDMA) systems. The
conventional approach in CDMA systems is to ignore multgdeess interference (MAI) and
the near-far problem which in turn constrain the systemcigpaAs has been discussed, a more
efficient way to detect multiple users is to implement somenfof multi-user detection. With
optimal multi-user receivers proving too complex to realgactically, several sub-optimal
multi-user receivers have been proposed [44] [45] [46]. Amohe group of sub-optimal
receivers, the adaptive LMMSE has been proposed for DS-CBygtems [71] [72] [73].
The LMMSE receiver will minimise the mean square error bemvéhe filter output and the

true transmitted data symbols. The coefficients of the LMM&Eeiver are dependent on the
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channel coefficients of all users and must be adapted dya#ynas the channel changes. In
a rapidly fading channel the LMMSE receiver must be adaptedicuously and will suffer
convergence problems if the channel fades too fast. Howtheet MMSE receiver can still be

used if the rate of fading is sufficiently low in relation teettata rate.

The authors of [53] and [74] present a modified LMMSE recesteucture that employs an
adaptive-LMMSE technique to improve the performance of aveational RAKE receiver.
This modified LMMSE receiver assumes that the channel casifie of the desired user are

estimated as is the case in the conventional coherent RA&d e,

In this chapter it has been chosen that the adaptive LMMSEiwec proposed in [74] will

be implemented using the variable length adaptive filtee clmveloped previously in Chapter
5. This receiver has been chosen for implementation dues tasi of the LMS algorithm to
calculate the LMMSE filter coefficients and its suitabilitythe use of the variable length LMS
algorithm. A conventional adaptive LMMSE receiver will bmplemented for comparison
to our new adaptive LMMSE receiver. This will provide a measof performance the

optimisations proposed can achieve.

6.2 Modeling of the adaptive LMMSE receiver

Modeling of the adaptive LMMSE receiver core is carried omtfeinctionally verify the
operation of the RTL implemented in development of the nesptide LMMSE core proposed.
Each of the functional blocks within the new implementattaas been functionally verified
and it is not the purpose of the application of this varialelegth adaptive filter to introduce
performance improvement to the receiver from a channeisatibn point of view but to

optimise the core hardware and reduce the total power cagawer time.

6.2.1 System Model

The system model is defined to allow consistent testing oatantive LMMSE receiver core.
A standard DS-CDMA model for a system wilti users and. propagation paths is assumed.
As has been outlined in section 3.2, ik user data bits are spread by multiplying the data by

a binary pseudo-random noise (PN) sequence. This is exgrass

81



Low Power LMMSE receiver architecture
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si(t) = ) sk(i)p(t — jT¢) (6.1)
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o

whereG is the number of chips per symbal,(j) is thejth chip of thekth user,p(t) is the

chip waveform,T is the chip interval and is continuous time.

The received signal can be expressed as

Ny—1 K
r(t) = 30 S Aph{Vsi(t — nT) * gi(t) +n(t) (6.2)
n=0 k=1

where the signal amplitudg;, is given by

E
Ay = ?’“ (6.3)

and whereN,, is the number of received symbol& is the number of usersh,,(f") is thenth
transmitted data symbody(¢) is thekth user’s spread signaly;, is the energy per chip arifl

is the symbol period.

n(t) is additive white Gaussian noise (AWGN) and the channel isgpresponse is given by

Ly,
gk(t) = Z g,(!fl)5(t — Tk,l) (64)
=1

for the kth user. L, is the number of propagation pathﬁ:l) is the complex gain of théth
user'sith path during thenth symbol period. 7, ; is the propagation delay ant(t) is the

Dirac’'s delta function.

The received signal can therefore be written as

Ny—1 K Ly
rt) = 3 SN A si(t — nT — ) + (t) (6.5)
n=0 k=1 I=1
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This received signal is then sampled at

T-l="2 (6.6)

whereS is the number of samples per chip.

6.2.2 Matlab Model

The system model described was used to create Matlab codd wiais used to generate test
vectors for the RTL implementation as well as to provide ingctors for the Matlab model of
the device under test. The Matlab code developed for thablariength LMS core is reused
here for the model of the adaptive LMMSE receiver core anchfathe main part of the receiver

functionality.

6.3 Adaptive LMMSE Receiver Architectures

In order to evaluate the performance of the new adaptive LIM&ceiver a conventional
adaptive LMMSE core based on the work presented in [74] distl The LMMSE receiver
core is implemented using verilog developed and verifiedr@vipus chapters for lower level

functional blocks.

6.3.1 Pre-combining and Post-combining Receivers

The architectures proposed for the implementation of thaptvke LMMSE receiver fall
into the categories of either the pre-combining interfeeesuppression type receiver or the
post-combining interference suppression receiver. kamaily these architectures can be seen
in the diagrams of Fig.6.1. As can be seen, multi-user filtecan take place before combining

the multi-path components or after it.

The conventional LMMSE receiver, or post-combining LMMSEeeiver, will minimise the
mean square error between the receiver output and the &mentitted data symbols. These
receivers are capable of handling both inter-path and-gtiannel interference under severe

near-far situations. As this type of receiver requires thenoel coefficients of all users and
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Figure 6.1: a) Post combining and b) Pre combining LMMSE receivers

must be adapted as the channel changes. If the channel igichaapidly then the receiver
coefficients must be updated continuously. These recevardiave convergence problems in
this instance but this can be controlled by modifying therogation criterion of the coefficient

update algorithm.

Optimisation of this post-combining receiver has led todbeelopment of the pre-combining
LMMSE receiver which minimises the mean square error batwibe receiver output and
the cross-correlation of the data sequence with the charuedficients for each multi-path
component. It can therefore be seen that this receiver nejthe knowledge of the channel
coefficients for the user and they must be estimated. In #sg only the averaged channel
profiles of all users are required and as the path delays amchwbrage channel profiles
change relatively slowly, the adaptation performance efdbtaptive pre-combining LMMSE

receiver is significantly less critical than that of the penfiance of the adaptive post-combining

84



Low Power LMMSE receiver architecture

LMMSE receiver [75]. The arrangement of the functional kkodn both the pre-combining
and post-combining receiver is seen in Fig.6.1. A bank ofcired filters (MF) is used for

de-spreading and synchronisation.

An analysis of the performance characteristics of the prakining and post-combining
LMMSE receivers is presented in [48] in fading multi-pattanhels. The bit error probability
(BEP) of the pre-combining LMMSE detector is compared toBig of the post-combining
LMMSE detector. It is also stated that the post-combiningMISE receiver has a greater
channel capacity potential but due to convergence problearsonly be used to exploit this
property at very high data rates and when the rate of faditgwis Pre-combining LMMSE
receivers on the other hand do not have such stringent amwves requirements and no

restriction on their use in fading channels.

The effect on performance for both of these approaches fasdmalysed in [76]. This work
has shown that the order in which multi-user filtering andtirpdth combining is carried out
does not have a significant effect upon the decorrelatorubBgP as long as the number of
users &) and the number of multi-path componenfs) {s low. If both parameters become
larger, then combining prior to multi-path filtering becasmaost favoured, this does however

make channel estimation more difficult.

6.4 Precombining adaptive LMMSE receiver analysis

As has been explained, the precombining LMMSE receiveropers multi-user detection
before the combining stage which operates then at the sytlabel. The adaptive case of
the precombining LMMSE receiver requires knowledge of theeading sequence, data bits

and channel coefficients of each multi-path component fockvbstimates are needed.

The following analysis is carried out for the adaptive LMSsien of the precombining
LMMSE receiver and is based on the structure of the convealiBAKE receiver. This is the
done so that channel estimation information is availabtaHe calculation of each multi-path
component. In this adaptive LMMSE receiver each receiveyefins adapted independently to

suppress multiple access interference.
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Figure 6.2: Conventional adaptive LMMSE receiver functional blocks

A block diagram of the adaptive LMMSE-RAKE structure is shmin Fig.6.2. The output of

thelth receiver branch can be expressed as

n Hn n
y,E; z) =Wy () (6.7)

and the decisions are made in the adaptive LMMSE receivardicg to

= sgn(Z gk‘l”) Yni > (6.8)

Whereﬁ(") represents the estimate of the original transmitted datdoel; sgn() represents the

signum function an@k(”) represents complex conjugate of the estimated channdiaesf.
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The LMMSE filter coefficients are found by satisfying the MSfiezion (El]e,i’?l)P]), which
requires the solution of the Weiner-Hopf equation to find dpémal filter coefficients. The
estimation of gradient of the error function and using thadggnt of steepest decent are used
in the solution of the optimal filter coefficients. The filteeights are updated iteratively using

the update equation

w,(jl“) — w,(jl’ — iV (6.9)

wherey is the update step-size aid, ; is the gradient of the MSE with respect to the filter

coefficients. Using the stochastic approximation of themtst decent algorithm such that

Vi & —2r(grihi)* + 2ry;, (6.10)

it can be shown[48] that the LMS algorithm applied here takeform

n+1 n n n)7(n n)\ *
W/(f,l )= W/(f,l) + 2pr )(glsz,l)hl(c ) - yi(@,z)) 6.11)
= W](;’Ll) + 2/11'(")6257)
The error signal
ey = di") — ) (6.12)

calculated using the difference between the referencalsigmnd the LMMSE filter output is
used to update the filter weights using the LMS algorithm.

At this point the receiver vector can be split into adaptind ixed component parts such that

W](:l) = Sk, + Xl(fill) (6.13)

wherex(”l) is the adaptive filter weight vector ang; is the fixed spreading sequence for the

k?
kth userdth path.
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Figure 6.3: Block diagram of single adaptive LMMSE receiver finger

The functionality of the conventional RAKE receiver can nbogvincluded for optimisation in
the implementation of the adaptive LMMSE receiver fingethwhe updates of the adaptive

component now expressed as

n+1 n n
Xl(c,l+ = X](f,l) + 2/‘12 l) (g

=+ el o)

)

(n)7(n) _ (n)y* . (n)
Y r
kel " k,l) (6.14)

Whereu,(;fl) is the step-size parameter for thih userdth path. The block diagram of a single

receiver finger in the adaptive LMMSE receiver can be seengréi3.

6.5 Implementation of conventional adaptive LMMSE core

In order to evaluate the performance of the our new LMMSE ivececore, a conventional
LMMSE receiver core based on the principles discussed itiose®.4 is developed and
implemented. The conventional implementation is assetnbdeng the equivalent functional

blocks detailed in previous chapters, such as the adapk& ¢ore detailed in section 4.3.

Mathematically, the output of the pre-combining LMMSE filtequires the spreading codes
and delays of all users in its computation. Processing sntermatrix inversion of the channel

covariance matrix is also required which is ideally avoidegdractical implementation because
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of its computational burden. This, along with the fact timet $preading codes and delays of all
users may not be known at the user receiver, is the reasoththaMMSE receiver is normally
solved iteratively for each user by some adaptive algoriffuth as the LMS algorithm. As
a result, the implementation of this type of receiver is mefé to as the adaptive LMMSE

receiver.

An adaptive LMS based pre-combining LMMSE receiver is pnésg in [74] with a similar
structure to that of a conventional RAKE receiver. This ficat solution results in having
separate LMMSE receivers for each multi-path component fandhis reason is referred
to as an adaptive LMMSE-RAKE receiver. To satisfy the MSEusgoh, this adaptive
implementation of the pre-combining LMMSE receiver theref needs to acquire the
knowledge of the spreading sequence timing and channefigeats for each multi-path

component to generate an estimate of the data symbols.

6.5.1 Adaptive LMMSE finger structure

This adaptive LMMSE core has multiple receiver fingers indame manner as a conventional
RAKE receiver, the arrangement for one of which can be sedfigr6.3. Implementation
of each receiver finger is carried out by arranging and cdimgethe components developed
in previous chapters to carry out the adaptive LMMSE-RAKBEpatation and designing the
matched filters. Once one finger has been implemented it caaptieated to carry out the
detection and synchronisation of data symbols for eachitpath component and the output

of each finger combined to resolve the true estimated dataaym

This implementation consists of an LMS weight update blod®JD) which uses the data
input samples and an error signal to calculate new coeffiiemd a FIR filter block, which
employs the coefficients calculated by the LMS WUD block. sTisiused for detection using
the calculated receiver coefficients. Matched filters (M also present and are used for

channel estimation and de-spreading. More detail abosethiocks is given:
e WUD: The LMS weight update block is replicated from 4.3.2 agatries out the
calculation of the receiver filter coefficients iterativeiging the LMS algorithm.

e COEFF. FILTER: The calculated receiver coefficients areleyga by this FIR filter to
detect the user data symbols. Its implementation is the santiee FIR filter structure
described in 4.3.1.
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Figure 6.4: Functional diagram of adaptive LMMSE finger structure

SPREADING MF: The spreading matched filter is used for deaping and
synchronisation of the received multi-path signal. Theffitaps are matched to the PN

spreading code.

PILOT MF: The pilot channel matched filter is used to detesmam estimation of the
wireless channel coefficients. This uses the pilot chanoéé ¢o estimate the channel
coefficients for théth path. Both the MF sub-blocks are based on an FIR filter itreic

in terms of their hardware implementation.

AU: There are a number of distributed arithmetic units folcaktion of the required
adaptive LMMSE solution components. There are two addds @amid a multiplier, all

clocked at the symbol rate.

FSM CONTROL.: This finite state machine control block synciises timing of all the
components according to the symbol rate and determinesetlag dynchronisation of

the matched filters.
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The functional blocks within the adaptive LMMSE receivegin implementation can be seen

in the diagram of Fig.6.4.

6.5.1.1 Digital Matched Filtering

Looking at the instantiation of the spreading matched filthke matched filter is used to
calculate a value for the correlation between the receiyedasl signal and the known PN
sequence with which the transmitted data was originallgaqbr Its structure is that of an FIR
filter that has the same number of taps as the spreading cedehhms. It therefore performs

the correlation

Q
L

y(n) = sir(n+j) (6.15)

.
Il
o

wheres; is thejth chip,r(n) is the spread sequence sample &hid the number of chips per

symbol i.e. spreading factor or processing gain.

The digital matched filter is the preferred method of codeuaitipn and synchronisation in
a DS-spread spectrum system such as in W-CDMA where rdiatimeg spreading sequences
are proposed [77]. This is due to their flexibility and powficeency as a significant proportion
of the power budget in the baseband processing is devotbe widital matched filter. Several
implementations of the digital matched filter have been gsep [78] [79] [80] and [81] with

low power implementations specifically discussed in [8G] {81].

A diagram of the spreading matched filter block structure banseen in Fig.6.5. This
filter implementation consists of a single memory block (IMNR) for storing input data
vectorsr(n), a PN code generator matched to the code for the particuday agontrol block
(CONTROL), a number of single word registers for clock synocisation and an arithmetic
block (MAC).

The implementation of the pilot matched filter is structlyraentical to that of the spreading
matched filter but with its purpose being to determine a valuhe correlation between the
received pilot signal and the predetermined pilot chanodkedknown to both the receiver and

the transmitter.
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Figure 6.5: Functional diagram of digital matched filter structure

6.6 Implementation of new adaptive LMMSE core

Following on from the implementation in the previous seattithe adaptive LMMSE receiver is
modified to include the variable length adaptive core, dmed and verified in section 5.4, inits
implementation. In each adaptive LMMSE-RAKE finger the LM®J¥block can be replaced
by the variable tap length LMS WUD block. Use of this varialdagth LMS algorithm will

optimise the computation required for calculation of reeecoefficients in every finger of the

receiver and therefore reduce the overall power consumed.

6.6.1 New adaptive LMMSE finger structure

Taking the variable length LMS weight update functionaldidl@nd introducing it into the

adaptive LMMSE receiver finger is a relatively simple pracdémving already developed
the conventional implementation. The new WUD block has baéesigned to be a drop-in
replacement and will calculate the required error sigrai$ife length update control algorithm
internally. There are no algorithmic changes to its operatiom that described in section 5.4.
The FIR filter block which uses the receiver coefficients glalied by the WUD block is also

the same as that implemented in section 5.4. All other blagisn a given receiver finger will
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Figure 6.6: Single adaptive LMMSE receiver finger with variable lengii3.functionality

remain the same as those in the conventional implementéttiche purposes of this analysis.
There are no changes needed to the FSM controller block astimhthe main functional block

in the receiver finger remains the same.

The arrangement of functional blocks in the new adaptive LBBVreceiver finger can be
seen in the diagram of Fig.6.6. This implementation is usedktify the use of the variable
length LMS algorithm in this application and to determine gower saving that can be made
in comparison to the power consumed by the conventionalemphtation. The following

sections present an analysis of the results found by makisgbmparison.

6.7 Design methodology

Again, the basic design flow is the same as that detailed itiosed.5 and is described
briefly here to define the specific flow for this implementati@@onventional and low power
architectures are coded in Verilog hardware descriptiorguage at register transfer level
(RTL). Once the functional specification of the design isifient against a Matlab model,
synthesis is then carried out using either Synopsys Desmnpler (dc-shell) or Cadence
BuildGates to convert the RTL model into a gate level netsstandard delay format (SDF)
file is also generated by the synthesis tool to provide gatd taning. Design Compiler also
generates a timing constraint file in SDF format. Post-sgithnetlist verification is then

carried out determine if the design still meets functiornad &iming specifications at the gate
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level using the Cadence Verilog-XL simulator. If any spegifion is not met the RTL code
and/or the timing constraints used during synthesis wilimlified. This loop is carried out

until the specification is met entirely and no violations gported during simulation.

6.8 Results

Two adaptive LMMSE receiver cores have therefore been imelged, the first being the
conventional (CONV) and secondly the new implementationguighe variable length LMS
algorithm (OUR). Both have been analysed in terms of aregeusad power consumption.
The cores were designed using Verilog HDL and then syntbesising Design Compil&¥
targeting the UMC 0.18 standard cell CMOS library. The requirements of the symshesre
identical for all cores to allow consistent power consumptand area usage comparisons.
A netlist was created for each core and back-annotatedsnstinulations for a uniformly
distributed random input bipolar binary data of 10000 sytlsing Verilog-XL™ simulator
were performed and verified against the Matllreceiver core model. The resulting data,
including switching activity of the circuit nets was theredsby Synopsys DesignPow#r to
determine power consumption for the different adaptiverfitores. In all of the above stages a

clock frequency of 100 MHz and a supply voltage of 1.8 Voltsevased.

A minimum symbol rate of 16 kbits/s is achieved using a 31 dBigdd code was used in
simulation with an equal energy two-path £ 2) channel and a maximum delay spread of 10
chip intervals. The number of usek§ was kept low for this analysis and an unmodulated pilot
channel was assumed to be present with equivalent enerpgttoftthe user data channels. A
five tap FIR filter is used to model the fading channel. The okhitap coefficients are set to
random values exponentially decreasing in average poweraxponent powers of 0 to -4 in

unity steps.

6.8.1 Power Consumption for Conventional LMMSE core

An analysis of the power consumed by the conventional adapiMMSE core is made for
comparison against the new receiver core which uses the M#¥RB-adaptive filter. The
functional blocks consuming the highest power are idenitifié fixed 32-tap adaptive filter
was used with step-size = 0.01. The total power consumed by the conventional adaptiv

LMMSE core implementation of one receiver finger is 32.97nRbwer results are shown in
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Core type|| Dynamic Power (mW)
CONV 32.97

Table 6.1: Power Consumption for conventional adaptive LMMSE core

Block Dynamic Power (mW)
LMS WUD 9.96
FIR 6.69
Pilot MF 6.69
Spread MF 6.69
Mult 1.24
Mult 1.24
Add 0.23
Sub 0.23
Control 0.04

Table 6.2: Power Consumption for functional blocks in adaptive LMM®SEec

Table 6.1 for the total power consumed by the receiver fingerguconventional processing
blocks. The results quoted do not include the combiningestdghe receiver core to allow

direct comparison to be made between critical componergag¢h implementation.

As has been shown by the analysis in previous chapters, th8 laMight update block
consumes the most power, this is explained by the fact ileigrtbst computationally complex.
The results in Table 6.2 show the power consumed by each ohdie functional blocks in a
single receiver finger. The FIR filter is the next highest taoting a single multiply-accumulate
block as well as memory locations for storing received digeators. The pilot matched filter
and spreading code matched filter are then next, followedhdyrtultiply and addition blocks,

then the control FSM being the lowest in terms of overall poggamsumed.

Scaling the implementation to multiple adaptive LMMSE ieee fingers yields the power
results shown in Table 6.3. It should be noted that the coembised in this analysis is
a behavioural verilog model included in the test bench fanusation purposes and is not
synthesised. These results confirm the preconceptiontibaddition of each receiver finger

will linearly increase power consumption. Use of the vdegalength LMS algorithm will
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Fingers|| Dynamic Power (mW)
32.97
65.94
98.91
131.88
164.85
197.82

OO WN

Table 6.3: Power Consumption for multiple conventional adaptive LNEMiBgers

Core type|| Dynamic Power (mW)
OUR 29.77

Table 6.4: Power Consumption for our adaptive LMMSE core

clearly target the block within the receiver finger that aongs the greatest amount of power.

6.8.2 Power Consumption for New LMMSE core

Initial power results for the variable length LMS implematidn of a single adaptive LMMSE
receiver finger are shown in Table 6.4. A 32-tap variable tleraglaptive filter was used to
calculate receiver coefficients with step-sjze= 0.01 as before. In this cad€é = 16 and
P = 2 taps/segment. A signal to noise ratio of 10 dB was chosen laddriable length
LMS algorithm converged to a tap-length of 14 taps. It caratyebe concluded that the
optimisation of the filter tap length has resulted in a poveirgy in comparison to the results
for the conventional implementation given in Table 6.1. Tndtipliers used in the low power
LMMSE implementation have been optimised where possibteaar implemented using the
non-Booth encoded Wallace tragb{) type multiplier. This has brought a further power saving
to the optimised LMMSE finger and is seen in the results shoMost notably the power
consumed by the FIR filter and matched filter blocks has bedurcezl when compared to the

conventional implementation.

The LMS weight update block still consumes the greatest pdwe this has been targeted
directly by the optimisation of the variable length updaligoathm. Due to optimisation of
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Block Dynamic Power (mW)
LMS WUD 8.95
FIR 6.07
Pilot MF 6.1
Spread MF 6.61
Mult 1.06
Mult 1.06
Add 0.23
Sub 0.23
Control 0.04

Table 6.5: Power Consumption for functional blocks in our LMMSE core

Fingers|| Dynamic Power (mW)
1 29.77

59.54

89.31

119.08

148.85

178.62

OO | WIN

Table 6.6: Power Consumption for multiple adaptive LMMSE fingers usireglength update
algorithm

the number of filter taps in operation, the switching agfivit the multiplier is reduced and
the accesses to the memory blocks storing coefficientsmikid receiver coefficient filter are
also reduced. This is directly responsible for the reductiopower consumed. The results
in Table 6.2 show the power consumed by each of the main famadtiblocks in the receiver
finger. There is of course a slight overhead in this implemi@m due to the control and error
calculation logic required by length update algorithm Iig is clearly mitigated by the power

savings achieved.

Finally, again scaling the implementation to multiple adsgpLMMSE receiver fingers which
use the variable length update algorithm yields the powsult® shown in 6.6. A significant

power saving can be achieved as the implementation is supled

97



Low Power LMMSE receiver architecture

Block Conv(mW) || Our (mW) || % Power Reduction
LMS WUD 9.96 8.95 10.1
FIR 6.69 6.07 9.38
Pilot MF 6.69 6.07 9.38
Spreading MF 6.69 6.07 9.38
Mult 1.24 1.06 14.07
Mult 1.24 1.06 14.22
Add 0.23 0.23 0
Sub 0.23 0.23 0
Control 0.04 0.04 0

Table 6.7: Comparison of Power Consumption for functional blocks ithbbMMSE core
implementations

Fingers|| Conv(mW) || Our (mW) || % Power reduction
1 32.97 29.77 9.7
2 65.95 59.54 9.7
3 98.91 89.31 9.7
4 131.88 119.08 9.7
5 164.85 148.85 9.7
6 197.82 178.62 9.7

Table 6.8: Power Consumption comparison betwe€onv and Our for multiple adaptive
LMMSE fingers

6.8.3 Comparison between conventional LMMSE core and new LMISE core

A reduction in power consumed by the WUD block and the FIR blgcseen in the receiver
core as the tap length of the coefficient filter is optimisedHzylength update algorithm. Table
6.7 shows the power results for the receiver blocks in eagieimentation and the percentage

power reduction achieved in the main functional blocks imithe design.
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Core || Area (nm?) || % Difference
Conv 1.98 -
Our 2.04 +3.03

Table 6.9: Area analysis for different LMMSE receiver cores

6.8.4 Area comparison and overhead

Area results are shown in Table 6.9 and power results arersihowable 6.8. It can be seen
that the overhead introduced Bur implementation is very low in relation to tli&onvadaptive
LMMSE implementation. When the design is scaled up to inelomlltiple receiver fingers the
power saving follows accordingly. Again, itis importantiote that the clock frequency chosen
in the design flow for both these receiver implementatiorthésfrequency that the synthesis
constraints will comfortably allow without timing violatn in critical paths. A reduction in the
core clock frequency is entirely acceptable and will reguli significant reduction of power

consumed provided the desired output data rate for the gimdrapplication is still achieved.

6.9 Summary

This chapter has presented a novel architectural VLSI imptgation of an adaptive LMMSE
receiver core. The novel application of the variable lengMS adaptive algorithm for
calculation of channel coefficients in the LMMSE receiverecwas presented and has proved
successful. The results demonstrate a power saving isvachl®y optimising the number of
taps used in the LMMSE filter coefficient calculations. Reshlave shown a power saving
of 9.7% can be achieved using our receiver core in companistimthe conventional adaptive
LMMSE implementation. It has also been shown that the lomwyglexity of the additional
circuitry needed for the variable length adaptive filtersgrts minimal overhead for this

architecture.
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Chapter 7
Summary and Conclusions

7.1 Introduction

The aim of this thesis is to present the investigations miaideldw power architectures for the
LMS adaptive equaliser and its application in a specific tyfdeMMSE receiver. The LMMSE

receiver is proposed for use in W-CDMA communication systerAlgorithmic methods to

reduce the switching activity in critical components iggted. In particular, reducing the
switching activity in the arithmetic units of the FIR filtend the LMS weight update blocks is
presented in this thesis. Having optimised the low powerlémgntation of these functional
blocks, application in the adaptive LMMSE receiver ardttiiee results in an overall reduction

in power consumption.

This chapter is organised into four further sections. $eacfi.2 summarises the work presented
in each of the previous chapters. Section 7.3 outlines tinelgsions reached from results
presented in the previous chapters. Section 7.4 brieflynestithe achievements made in the
work carried out to complete this thesis and finally Sectidh suggests potential ideas for

future work that are highlighted by the results obtained.

7.2 Summary

The effects of inefficient power usage by electronic deviaes clear. Portable devices are
expected to have ever increasing battery life and reducéedianergy such as that lost for
example through thermal or switching effects. At the sammeeti portable devices must
maximise use of the wireless transmission spectrum and forighis reason W-CDMA
techniques are favoured for use in future generation matil@munication systems. The
object of this thesis has been to investigate low power grchires for functional blocks
within a W-CDMA receiver. Specifically, two methods by whit¢h reduce the power
consumed by the adaptive LMS equaliser have been investigaThe most successful of

which was then applied directly in the implementation of da@ive LMMSE receiver. The
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two methods studied are the Decorrelating transform anddhable length LMS algorithm,
of which, the variable length LMS algorithm was chosen fa irsthe final LMMSE receiver

implementation.

Firstly, this thesis has presented the practical impleatem of both these methods for
reducing the power consumption specifically in the LMS aidaglter. In the initial review of
published work, these techniques had only been proposéhi$aapplication and mathematical
analysis presented. Critically, the practical implemgotaof both methods had until now not
been carried out. The benefit of doing so here is that the@ictfieness in reducing power
consumption can be quantified and suitability can be evadu&dr application in the LMS

adaptive filter.

In this thesis the novel idea of using the variable length Lafaptive filter in an adaptive
LMMSE receiver has been presented. Both the variable lebiyt§ filter and the adaptive
LMMSE receiver have been developed independently and ihésdombination of these
concepts and the practical implementation of the resuttgiver core that provides the basis

for study.

Chapter 2 has outlined general and block specific technidoeseducing the switched
capacitance and therefore reducing the power consumptioincoit blocks. Current parallel
work in the field has been based around the exploitation aklairon properties in signals,
through the optimisation of hardware by algorithmic tramnsfation or by the dynamic
switching of unused functional blocks of a circuit duringeogtion. Low power techniques
were then reviewed specifically for the direct form FIR fileand the LMS adaptive filter.
These methods are mainly targeting the arithmetic blockllgvthe filter implementations.
Techniques such as block processing, coefficient segnmmtatoefficient re-ordering,
approximate processing and multi-rate architectures ansidered along with methods for

coefficient scaling and alternative data representation.

Chapter 3 begins with an introduction to CDMA principles amgblains the motivation for
wideband-CDMA communication systems. The interferencetrarisms present in single-user
and multi-user systems are explained and the methods usediteat them are identified along
with the methods available to maximise the use of availabknoel capacity. It goes on to
explain the operation of the RAKE and LMMSE receivers pragbfor use in W-CDMA and

a review of the techniques proposed for reducing the switdagpacitance of these multi-user
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receivers is given. These include a power-scalable RAKIEE tmat switches receiver fingers
in or out of operation, a multi-code correlator approach amtethod proposing the sharing of

functional components between all fingers in the receiver.

Chapter 4 presents the implementation of the existing deleding transform when applied to
the LMS adaptive filter. An outline of its operation is givendathe ability of this particular

method being applied to the LMS adaptive filter to reduce paeasumption is questioned.
This method is better suited to fixed coefficient FIR filterstlas constant updating of the
filter coefficients by the LMS algorithm has a serious detritakeffect on stability. A power
reduction is however still achieved as the switching aigtiin the multiplier and in the RAM

blocks is reduced due to the smaller wordlength of the caledl filter coefficients. The
implementation developed in this chapter is compared toreardional implementation of

an LMS adaptive filter.

The variable length LMS algorithm is outlined in Chapter % @npractical implementation is
developed with the aim of analysing the power consumptigmgahat applying this technique
to the adaptive filter will produce. The existing length uggdalgorithm controls the dynamic
increase or decrease in the tap-length of the LMS adaptites. fiBy doing so unnecessary
switching is avoided in the arithmetic blocks present in iR filter structure and in the

calculation of filter coefficients. Power consumed by memawynponents is also reduced.
An outline of the operation of the length update algorithngiisen and a detailed description
of its development and implementation is given. A comparisomade between the power

consumed by the new implementation and a conventional fewgtth LMS adaptive filter.

Chapter 6 presents the application of the variable lengthSLEUOaptive filter in the
implementation of a low power adaptive LMMSE receiver. Ttlimpter gives further detail
about the operation principles of the LMMSE multi-user reeeand existing architectures
that have been proposed. Detail of the implementation ohthwe implementation is given
along with practical considerations that were made in itehbgment. Operation of the new
implementation is verified against a model of the system ameepresults are presented again

in comparison with an equivalent conventional implemeatabf the same receiver.
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7.3 Conclusions

This thesis has presented the implementation of two low pdeehniques when applied to
the LMS adaptive filter and proposed the novel use of the blrilength LMS algorithm in

an adaptive LMMSE receiver architecture. It can be conduidem Chapter 4 that a power
saving in the range of 5 - 15 % is achieved for coefficient wlerdyths varying from 16 bits
to 10 bits when compared to a conventional adaptive filtelémpentation. At the same time,
an area saving of up to 15 % due to optimisations in the desigpe. reduction in coefficient
wordlength and therefore switching activity in the filter ltiplier block is responsible for this

saving in power.

It can be concluded that the DECOR transform method does inettly target the block
consuming the greatest amount of power in this design. Tipdicagion of the DECOR
transform to the LMS adaptive filter also results in seveabity issues and therefore it would
potentially be impractical to justify the use of this methofdpower saving in a real-world

application regardless of the proven reduction in powesuomption that has been shown here.

The results presented in Chapter 5 have concluded that a gawviag is achieved by optimising
the number of taps in operation. Results have shown a powgrgsaf 28% can be achieved
for a variable length architecture optimised to 16 taps aveonventional 64 tap fixed length
adaptive filter architecture. It has also been shown thatalvecomplexity of the additional

circuitry needed for the variable length adaptive filtersgrts minimal overhead for this

architecture.

It can be concluded that when the length update algorithnipl@yed to determine the
optimum number of taps, a reduction in power consumed by ttbDVidlock and the FIR
block can be seen as the tap length decreases. This beinigrtlod the variable length core in
that the computations carried out in the arithmetic blockkiw each are reduced directly as
the number of taps in operation is reduced. Power is savetbdhe fact that a filter of greater

fixed length will not achieve a better steady state MSE tharotitimised case.

The results in Chapter 6 conclude that the novel applicatfahe variable length LMS adaptive
algorithm for calculation of channel coefficients in the LNBE receiver core was presented and
has proved successful. The results demonstrate a powegsavachieved by optimising the
number of taps used in the LMMSE filter coefficient calculasioResults have shown a power

saving of 9.7% can be achieved using our receiver core in agsgn with the conventional
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adaptive LMMSE implementation. It has also been shown thatlow-complexity of the
additional circuitry needed for the variable length adapfilter presents minimal overhead

for this architecture.

7.4 Achievements

A low power LMS adaptive filter architecture is proposed anglemented based on the
DECOR transform.

A low power LMS adaptive filter architecture using dynamip tangth optimisation is

presented and implemented.

The use of the Variable Length LMS adaptive filter is propoded use in the

precombining LMMSE receiver.

A novel hardware architecture for the precombining LMMSEeteer incorporating the

variable length LMS adaptive filter is presented and impleiee.

7.5 Future work

This thesis has attempted to provide a thorough investigatito the research proposal outlined
in Section 7.1. Itis the case however that a number of arefstber interest and contribution

have been identified and could be investigated. These aféath®r interest are:

e An investigation into a DECOR LMS architecture that useedicalculation of DECOR
coefficients rather than transformation would be worthathiAny way to address the

stability issues encountered would be of benefit.

e Further investigation into the effect of different multg types used in the low power
architectures presented in this thesis. Characterisafionultiplier type has not been

carried out exhaustively for these applications.

e The use of custom memory blocks within the Variable LengthS. Edaptive filter
implementation could be investigated to extend this world further reduce power

consumption.
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e The LMMSE receiver work presented could be extended to paaite further low power
functional blocks that already exist. This would undoubtdae of benefit to overall

power consumption.

e The application of existing methods to dynamically contittd number of optimised
LMMSE fingers in operation should be explored to achievehirrtimprovements in

power consumption.
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Abstract

This paper presents a novel architecture using
the decorrelating (DECOR) transformation technique
when applied to an LMS adaptive filter. The DECOR
transform has been evaluated previously, however no
practical evaluation has previously ever been made
of how area and power performance is affected by
the addition of the DECOR transform to an LMS
adaptive filter. Neither has analysis been carried out
to determine any tradeoff in increased area this might
incur against power saved. This paper presents the
first complete architectural VLSI implementation of the
decorrelating transform when applied to an adaptive
filter and includes a performance study in terms of area
and power.

1. Introduction

The high demand for low power, high perfor-
mance electronic components has been prompted by
the popularity of portable, battery-powered end-user
devices. This is especially so for wireless communica-
tion devices such as mobile phones, PDAs and wireless
enabled laptops that require high-speed computation
and real-time signal processing capabilities. The im-
plementation of ever more complex systems which
facilitate wireless communication requires the use of
efficient and flexible cores in their design. In turn these
cores often involve the repetitive implementation of
FIR filters and/or adaptive filters which include an FIR
core, that must have heavily constrained power and
area requirements. In the implementation of FIR filters
and thus the adaptive filter, there are two approaches,
sequential and parallel. The parallel implementation
can maximise throughput at the cost of considerable
additional hardware such as adders and multipliers. On
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the other hand, the sequential implementation is cost
and area-effective in hardware although however does
suffer a bottleneck in throughput.

Power optimisation has become a crucial part of
FIR filter design with an ever increasing number of pub-
lished techniques to reduce the power consumption of
FIR filters. The authors in [1] optimise word-lengths of
the input and output data samples and coefficient values.
This involves the use of a general search based method-
ology which is based on statistical precision analysis
and the incorporation of cost/performance/power mea-
sures into an objective function through word-length
parameterisation. In [2], Mehendale et al. present an
algorithm for optimising the coefficients of an FIR filter
to reduce the power consumption in its implementa-
tion on a programmable DSP. The use of coefficient
segmentation, block processing and combined segmen-
tation and block processing algorithms for low power
FIR filter implementations have been shown in [3].
High throughput FIR implementations have also been
described by the authors in [4] and [5].

In most implementations of FIR filters the filter
coefficients are used directly to compute the convo-
lution with the input data. The differential coefficient
method (DCM) inroduced in [6] uses various orders of
differences between coefficients along with stored inter-
mediate results rather than the coefficients themselves
in the computation of the convolution. If fewer bits are
required to represent the differences compared to the
actual coefficients, the size of the arithmetic unit in the
filter can be reduced, hence reducing power consump-
tion. This method does however have an overhead of
N — 1 additional latches (for storage of intermediate
results) and N — 1 additional adders (for addition
of intermediate results) for an IV tap filter. Although,
greater orders of differences have smaller magnitudes,
the overhead required by the DCM increases as the
order of differences is increased. There is therefore a
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point beyond which the gains due to smaller magnitudes
are less than the overall cost of overheads [6]. To
minimise the overhead while retaining the benefit of
DCM, differential coefficient and input method (DCIM)
[7] and decorrelating (DECOR) transforms [8] have
been proposed. Some of the advantages of DECOR
over DCM are listed as (a) lower overheads for a given
filter order, (b) overheads being independent of the filter
order and (c) power savings over a wider range of filter
bandwidths. It can also be seen in [8] that the DECOR
transform is proposed for use in adaptive filtering.

However, the performance of the above methods
in terms of power and area, was evaluated analytically
using high level models of multipliers, adders and
memory units. In [8], in addition to the analytical
results, simulation based results are also presented. It
must be remembered though that these results were also
not based on real VLSI implementation of the filters and
no analysis whatsoever is provided for adaptive filters.
C simulation models are used, assuming zero and/or
unit delays for circuit gates. The work carried out by
the authours of [9] presented the VLSI implemenation
of the DECOR transform for low power filtering cores
and analysed the power, area and speed performance.
For more realistic evaluation in this work an adaptive
LMS filter using an DECOR FIR core has been
implemented in VLSI, targeting 0.18 micron standard
CMOS technology. The power and area analysis was
made based on this novel architecture being presented
consisting of 1st order DECOR in an adaptive LMS
filter for different coefficient word-lengths.

2. Implementation

An N-tap FIR filter performs the following convo-
lution:

brx(n — k) (1)

where by’s are the coefficients of the filter, x(n)
and y(n) are the nth terms of the input and output
sequences, respectively. The z-transfer of (1) is given
below:

Y(z) = H(2)X(z) 2

where Y (z), H(z) and X(z) are the z-transforms of
the output, filter and input respectively. In DECOR, the
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transfer function H (z) is multiplied and divided by the
polynomial:

T(z)=(1+az " (3)

where m represents the order of coefficient difference,
« and [ are parameters chosen depending on the type
of FIR filter. The frequency response is not altered by
multiplying and dividing the transfer function H (z) by
this polynomial. For example, the z-transfer of the first
order low-pass FIR filter is given by (o =-1, =1, m =
1):

v(s = L2 MG g, 0
Y(2) =Y (2)z ' = H(2)X(2) — Hz)X(2)z~! (5)

According to (1) and (5) the transformed filter can
be expressed as:

N—1 N-1
y(n)—y(n—1) = Z bix(n—k)— Z biz(n—k—1)
k=0 k=0

(6)

Re-arranging (6) we can obtain the following equation
for first order (m=1) differential coefficients:

y(n) = boz(n —k)

)+ Z(bk*bk 1

—bN,lx(n —N)+yn-1)

Clearly as (7) shows, for first order differential
coefficients, the filter outputs can be obtained using
the differences between adjacent coefficients (except
for the first and last coefficients) and the previous filter
output. Also note that the transformed filter requires an
additional multiplication and subtraction operation to
realise the term (—by_1x(n — N)) in (7). Therefore,
this together with adding the previous filter output
represents the overhead for DECOR using first order
differential coefficients.
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The weight update equation for a least-mean
squares (LMS) filter is

bi(n+1) =b;(n) + pe(n)x(n — 1) (8)

where (i is the step size and e(n) is the adaptation error
given by

e(n) =d(n) —y(n) ©

where d(n) is the desired output of the filter.
Applying the DECOR tranform to an adaptive
filter involves the derivation of the following from (1):

N+p-1

—ay(n—B) + Z di(n)x(n —1i) (10)

=0

y(n)

where §; is the DECOR filter coefficient. The derivation
of which is provided in [8].

2.1 Conventional Adaptive Filter Core

In order to evaluate the performance of the DECOR
adaptive filter a conventional adaptive filter core based
on equation (1) and using the LMS algorithm with
it’s equations (8) and (9), was implemented. This
conventional adaptive filter has two functional blocks,
as seen in Fig. 1(a). A weight update block (WUD),
which uses the data input samples and an error signal
to calculate new coefficients, and a filter block, which
is generally an FIR filter and employs the coefficients
calculated by the WUD block.

Within the WUD block there are five functional
blocks as shown in Fig. 2. It consists of three mem-
ory blocks for storing the input data (X RAM), the
calculated filter coefficients (LMS RAM) and the filter
weights from the previous (n — 1) sample (FIR W
RAM), an arithmetic unit (AU) and a control block
(CONTROL). A brief description of these blocks is
given below:

e CONTROL: The controller is based on a counter
and is responsible for the synchronisation of
activity for every block in the WUD unit.

o X RAM: This is a RAM used for the storage of
the input data x(n). The input data sequence is
clocked into this RAM for the use of the AU when
calculating filter weights.

e L.MS RAM: Upon calcuation of filter weights the
values are stored in this RAM for the use of the
FIR filter.
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e FIR W RAM: When clocking filter weights out of
the LMS RAM the values are immediately copied
into this FIR W RAM for subsequent calculation of
further filter weights for the next (n + 1) sample.

e AU: This arithmetic unit consists of two
multipliers and an adder. This arithmetic unit
performs the direct calculation of filter weights
according to the weight update equation (8). The
calculated values are latched into LMS RAM
according to the signals created by CONTROL.

A conventional FIR filter is used, details of
the implementation of which can be found in [9].
The conventional FIR filter described here and the
implementation of the conventional filter block in [9]
are identical with the exception of the removal of the
ROM for storing the fixed coefficients in the FIR filter,
given that the coefficients are calculated by the WUD
block.

WUD Block

e(n)
‘WUD Block

2!

FIR Block =

X(n)

x(n) dn)

FIR Block

y(n)

(@) (®)

Figure 1. a) Conventional and b) DECOR
Adaptive Filters.

16 16

Y
‘FlR,w,RAM‘ ‘ X_RAM ‘

P ¥

‘ CONTROL‘

AU

A A

16

LMS_RAM

16

y ouputb)

Figure 2. Block Diagram of Conventional WUD
Block.
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‘ CONTROL ‘

AU
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16

LMS_RAM

16
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Figure 3. Block Diagram of DECOR WUD Block.

2.2 DECOR Adaptive Filter Core

The DECOR adaptive filter consists of three func-
tional blocks, seen in Fig. 1(b). A WUD block, based on
an optimised implementation of the conventional WUD
block, a DECOR block for calculating the DECOR
filter weights 6; from the weights produced by the
WUD block and a DECOR FIR filter. The DECOR FIR
filter used here is again identical to the implementation
found in [9] with the exception of the removal of
the ROM for storing DECOR filter coefficients given
that DECOR filter coefficients will be calculated by
the WUD block via the DECOR block. A functional
diagram of the DECOR WUD block can be seen in Fig.
3. The DECOR block represents part of the overhead in
this implementation, the other part is contained in the
MAC block of the DECOR FIR filter due to the extra
multiplications and additions required by DECOR. The
DECOR block used to calculate the 9; filter coefficients,
contains a number of registers for storing the previous
0,1 filter coefficients and also a subtractor block.

There is also a difference in the MAC block of the
DECOR FIR filter in that the reduction in §; coefficient
word-length results in a reduction in the port size of
the mulptiplier therein. The multiplier size is therefore
16 x X where X represents the word-length of the
coefficients output by the DECOR block and the data
word-length remains equal to 16 bits. This reduction in
coefficient word-length results in a smaller multiplier
compared to a conventional FIR filter.

3. Results

Two different adaptive filter cores have therefore
been implemented, the first being the conventional
(CON) and secondly the 1Ist order DECOR. Both
have been analysed in terms of area usage and power
consumption. DECOR has been implemented for 16bit,
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Table 1. Power Consumption analysis for
different Coefficient word-lengths

Dynamic
Algorithm Power (mW) || % Reduced
CON 16bit 17.13 -
DECOR 16bit 16.25 5.1
DECOR 14bit 15.62 8.8
DECOR 12bit 14.65 14.5
DECOR 10bit 13.97 18.4

14bit, 12bit and 10bit coefficient wordlengths in order
to study the impact of the reduction in size of the
multiplier on area and power. The cores were designed
using Verilog HDL and then synthesised using Design
Compiler™ targeting the UMC 0.18y standard cell
CMOS library. The requirements of the synthesis were
identical for all cores. This was vital in order to
allow for consistent delay, power consumption and area
usage comparisons. A netlist was created for each core
and back-annotated netlist simulations for a uniformly
distributed random input data of 1000 samples using
Verilog-XL™ simulator were performed and verifed
against Matlab™ simulation results. The resulting data,
including switching activity of the circuit nets was then
used by Synopsys DesignPower™ to determine power
consumption for the different adaptive filter cores. In all
of the above stages a clock frequency of 100 MHz and
a supply voltage of 1.8 Volts were used.

Power results are shown in Table 1 and area
results are shown in Table 2. A 73-tap adaptive filter
was analysed with step-size p = 0.001. Performance
analysis was carried out using four different coefficient
wordlengths. Table 1 shows that for the Ist order
DECOR transform a decrease in coefficient wordlenth
results in an increase in the power saving achieved.
The difference in power consumption between the CON
adaptive filter and the DECOR 16 bit filter is due to
the optimisation of the WUD block in the DECOR
implementaion. The X RAM used in CON can be
replaced by a latch based shift register in DECOR seen
in Fig. 3, which reduces overall power consumption.
The implementation of DECOR creates an extra filter
coefficient thus allowing the shift register to be used as
the timing of control signals is modified.

A breakdown of the power consumed by different
blocks within each apdaptive filter design shows where
the overhead in this technique lies and where the
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Table 2. Area analysis for different Coefficient

word-lengths

Algorithm Area (um?) || % Reduction

CON 16bit 1103487.13 -
DECOR 16bit || 951924.25 13.7
DECOR 14bit || 948440.00 14.1
DECOR 12bit || 944398.69 14.4
DECOR 10bit 941235.69 14.7

Table 3. Power Analysis for FIR MAC Block

Dynamic
Algorithm Power (mW) || % Change
CON 16bit 5.185 -
DECOR 16bit 7.07 +36.35
DECOR 14bit 6.572 +26.75
DECOR 12bit 5.749 +10.88
DECOR 10bit 5.145 -0.77

greatest power savings are made. The graph in Fig.
4 shows the power consumed by the main functional
blocks within the adaptive filter.

It can be seen that the overhead introduced by the
DECOR block in terms of power consumed, is very low
in relation to other blocks and changes very little as
the wordlength in the DECOR designs reduces. A small
reduction in the power consumed by the DECOR block
in each implementation is evident due to the reduction
in coefficient wordlength it calculates. A major benefit
of this architecture is that the logic required by the
DECOR block is very simple and therefore does not
present much of a penalty in terms of power or area.
A reduction in power consumed by the DECOR FIR
block can also be seen as the coefficient wordlength
reduces. This being the aim of the DECOR transform in
that the filter coefficients presented to the MAC within
the filter are directly reduced. Table 3 shows the power
consumption of the MAC within the CONV filter and
within the DECOR filter for each implementation.

These results clearly show the considerable over-
head present in the implementation of the DECOR
FIR filter. A wordlength reduction of 6 bits is needed
before the 1st order DECOR filter will demonstrate
any power saving in the MAC block. This overhead is
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Figure 4. Power Consumption for Main Func-
tional Blocks

due to the extra multiplications and additions needed in
the DECOR algorithm. In practice, implementation of
a DECOR filter without a reduction in the coefficient
wordlength would never be worthwhile given that the
very purpose of the DECOR transform is to reduce
this parameter. It has simply been done to point out
the overhead present in the design. Nonetheless, it can
be seen that due to optimisation in the WUD block
an overall power saving can be made for the adaptive
filter as a whole. This is due to the optimisation of the
x input data storage in the WUD block. The CONV
implementation of the adaptive filter must use a RAM
for this purpose whereas in the DECOR design a latch
based shift register can be used as timing restraints are
less strict. Essentially the extra filter weight created
by the DECOR transform allows the control timing of
the DECOR WUD block to tolerate propagation delay
through the shift register.

4. Conclusions

This paper has presented a novel architectural
VLSI implementation of the DECOR transformation
technique for low power adaptive filtering cores. The
technique was implemented for different 1st order
DECOR coefficient word-lengths. The results demon-
strate a power saving in the range of 5 - 18 % for
coefficient word-lengths varying from 16 bits to 10
bits when compared to a conventional adaptive filter
implementation. At the same time, an area saving of
up to 15 % is achieved due to optimisation that can be
carried out in the design. It has also been shown that
the overhead required by the additional circuitry of the
DECOR block is minimal for this architecture.
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Abstract— This paper presents a novel architecture for tap-
length optimisation of the linear LMS equaliser. No analysis
has previously been carried out to determine any tradeoff
that exists in circuit area against power saving achieved.
A low-complexity length update algorithm is employed to
dynamically adjust and optimise the number of taps in
the linear equaliser according to channel conditions. The
results show that the chosen algorithm presents minimal
overhead and reduces power consumed due to optimisation
of the equaliser length. This paper presents the first
complete architectural VLSI implementation of the length
optimised equaliser and includes a performance study in
terms of area and power.

I. INTRODUCTION

The popularity of portable, battery-powered consumer
devices is continuing the high demand for low-
power, high performance electronic components.
This is especially so in the marketplace for wireless
communication devices such as 2.5G/3G mobile
phones, wireless enabled laptops and other data
enabled devices which require powerful computation
and real-time signal processing capabilities. The
implementation of complex systems which facilitate
wireless communication requires the use of efficient
and flexible cores in their design. Attention here is
concentrated on the design of adaptive filtering cores
that must have heavily constrained power and area
requirements for these applications. Linear equalisers
are typically implemented using adaptive finite impulse
response (FIR) filters [1] with filter coefficients
being recursively updated using either the recursive
least squares (RLS) or more commonly the least mean
squares (LMS) algorithm used in this study. The number
of taps in the FIR structure has a critical influence
on the performance and computational complexity of
the equaliser. An equaliser with too many taps will
be computationally inefficient and may introduce a
degradation in mean squared error (MSE) performance
due to limitations of the LMS algorithm whereas, an
equaliser with too few taps will be unlikely to reach
its true potential level of distortion mitigation. Coupled

with this is the time variant nature of wireless channels
which ideally necessitates the ability of the equaliser to
alter its number of taps with time.

The technique of varying the length of the LMS filter
was first presented by the authors of [2] with an
algorithm which proved that a filter with fewer taps
will have a faster convergence than that of a filter
with a higher number of taps. This variable length
stochastic gradient (VLSG) algorithm demonstrates an
LMS adaptive filter which can accomplish a change in
its length from being initially low, therefore aiding fast
convergence, gradually increasing over time to achieve
the low steady state MSE performance characteristic
of higher order filters. In [3], Won et al. went on
to propose another variable length LMS (VL-LMS)
algorithm using a time-constant concept whereby
several filter lengths are predetermined and filter length
is increased to the next predetermined value when
conditions are satisfied.

Both the algorithms referred to previously however
offer only the ability to increase the filter length
over time to satisfy the contradictory goals of fast
convergence and good steady state performance. As
a progression from the previous methods, the authors
Riera-Palou et al. of [4] specifically present a linear
equaliser using an algorithm that can dynamically
and automatically increase or decrease the length of
the filter. Using a segmented FIR filter structure and
a weight update algorithm the optimum, and in this
case minimum required, number of taps are operated.
Further to this, [5] presents a method whereby the
optimum length of the adaptive filter is determined.
In this case the number of filter coefficients of an
unknown system are found using the LMS algorithm
in a system identification setup. This method uses the
MSE output from a number of individual LMS adaptive
filters in parallel to determine the number of unknown
system coefficients and their values. This does not
lend itself well to a circuit implementation which is
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constrained in terms of area and power. Finally in [6],
the authors present the most recent proposal for the
variable length LMS algorithm. This algorithm uses a
method whereby the filter length is varied according to
the negative gradient direction of the estimation error.
The familiar gradient decent method is used to track
the optimum filter length with constraints included to
avoid unexpected behaviour and guarantee convergence.

However, none of the above methods have been eval-
uated in terms of the power or area overhead required
in comparison to a standard fixed length adaptive filter.
Simulation based results are presented to show how
varying filter lengths effects convergence times. In [4]
results are presented to show equaliser length changing
in accordance to input E/Ny. To realistically analyse
power and area requirements, in this work a variable
length LMS equaliser has been implemented in VLSI,
targeting 0.18 micron standard CMOS technology.

II. IMPLEMENTATION

An N-tap FIR filter performs the following convolution:
N-1

y(n) = Z brx(n — k) (1)
k=0

where by’s are the coefficients of the filter, 2(n) and
y(n) are the nth terms of the input and output sequences,
respectively. The weight update equation for a least-
mean squares (LMS) filter is

bi(n+ 1) = bi(n) + pe(n)z(n — i) (2)

where p is the step size and e(n) is the adaptation error
given by

e(n) = d(n) —y(n) 3

d(n) is the desired output of the filter, i.e. the transmitted
signal.

As is outlined in [4], splitting an /N tap FIR into K
concatenated subfilters of P taps each, such that N =
K P, produces an estimate ys(n) (with 0 < s < K)
of the transmitted data (d(n)). The various equaliser
outputs ys(n), can be used to compute a corresponding
error signal es(n) according to (3) such that

es(n) = |d(n) — ys(n)| )

The distinct error signals can be squared and averaged
to obtain an output MSE measure for each subfilter.
The performance criteria used to evaluate the different
subfilters is the accumulated squared error (ASE) and is
defined as

ASE.(n) = Y_|d(0) —u(0)[*= Y ea)®  (5)

The advantage of using the ASE is that the repetitive
computation of division, used in the calculation of MSE,
is removed. The aim of the length update algorithm
is to detect the subfilter at which the ASE becomes
insignificantly smaller or even larger than the previous
subfilter. The algorithm proposed in [4] to control the
number of active subfilters involved in equalisation,
assuming the equaliser has L active segments, is outlined
as

ASEL(n) =" 8" d() — yra ()] (6)
i=1
|2

ASEr(n) = " d(i) — yr (i) (7)
i=1

If ASEL(n) < aypASEr_1(n)
= +1 subfilter (P extra taps) (8)

If ASEL(n) > OzdeSEL_l(n)
= —1 subfilter (P fewer taps) ©))

where 0 < ayp < agyw < 1 and determine the amount
of worsening or improvement necessary to force the
equaliser to expand or contract. 3 is a forgetting factor
and is < 1. A more detailed derivation of this algorithm
can be found in [4].

A. Conventional Adaptive Filter Core

In order to evaluate the performance of the variable
length equaliser a conventional adaptive filter core based
on equation (1) and using the LMS algorithm with it’s
equations (2) and (3) was implemented. This conven-
tional adaptive filter has two functional blocks, as seen
in Fig. 1(a).

A weight update block (WUD), which uses the data
input samples and an error signal to calculate new
coefficients, and a filter block, which is generally an
FIR filter and employs the coefficients calculated by
the WUD block. Here a conventional direct form FIR
filter was used.
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Within the WUD block there are five functional blocks
as shown in Fig. 2. It consists of three memory blocks
for storing the input data (X RAM), the calculated filter
coefficients (LMS RAM) and the filter weights from the
previous (n — 1) sample (FIR W RAM), an arithmetic
unit (AU) and a control block (CONTROL). A brief
description of these blocks is given below:

o CONTROL: The controller is based on a counter
which provides addresses for the RAM blocks and
is responsible for the synchronisation of activity for
every block in the WUD unit.

« X RAM: This is a RAM used for the storage of the
input data z(n). The input data sequence is clocked
into this RAM for the use of the AU when calculating
filter weights.

« LMS RAM: Upon calculation of filter weights the
values are stored in this RAM for the use of the FIR
filter.

« FIR W RAM: When clocking filter weights out of the
LMS RAM (by the FIR filter addresses) the values
are immediately copied into this FIR W RAM for
subsequent calculation of further filter weights for the
next (n + 1) sample.

o AU: This arithmetic unit consists of two multipliers
and an adder. This arithmetic unit performs the direct
calculation of filter weights according to the weight
update equation (2). The calculated values are latched
into LMS RAM according to the signals created by
CONTROL.

x(n)

seg. 0 seg. 1|7 seg. K-2 seg. K-1

Y,

Fig. 3.

Block Diagram of Segmanted FIR.

B. Variable Length Adaptive Filter Core

Basing implementation of the design on the algorithm
described in [4], the variable length adaptive filter
consists of three functional blocks, seen in Fig. 1(b).
A WUD block, a length update (LUD) block, used
to calculate the ASE values and provide tap-length
data to the WUD block, and a segmented FIR filter
block. The segmented structure of the FIR filter allows
the calculation of subfilter outputs ys(n) and thus the
error signals used to evaluate the error performance of
the N tap filter and (N — P) tap filter (P being the
number of taps in one subfilter or segment). In this
design the segmented FIR filter will calculate an output
dependent on the number of coefficients presented
to it by the WUD block. It is the output of subfilter
results that are critical to the operation of the variable
length adaptive filter design. The structure of the
segmented FIR filter can be seen in Fig. 3. The control
element in the conventional WUD block is replaced
by a finite state machine (FSM) design which accepts
the tap-length data from the LUD block, controls all
timing signals and correctly addresses the various RAM
elements in the WUD block. This enhanced control
element is the main alteration made to the WUD and
enables the length of the adaptive filter to increase
or decrease based on the output value of the LUD block.

The LUD block takes the error signals from the last
two FIR subfilters, es(n) and es;_1(n) and calculates
the respective ASE of equations (6) and (7) using
accumulator units. The ASE values are latched and
presented to a comparator unit in accordance with
the length update algorithm of equations (8) and (9).
From the comparator result a state machine controller
in the LUD block then increments or decrements an
up/down counter to provide a tap-length value. This
LUD controller initialises the up/down counter and
controls timing of the arithmetic units present. The
number of taps initialised at reset is selected by the
user and the maximum number of taps is set by the
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TABLE I
AREA ANALYSIS FOR DIFFERENT ADAPTIVE FILTER CORES

Core Area (umz) % Difference
CON 451255.0 -
VAR LMS 479232.81 +6.2
TABLE 11

POWER CONSUMPTION ANALYSIS FOR DIFFERENT EQUALISER
TAP-LENGTHS

Core (No of Taps) Dynamic Power (mW) % Difference
CON (64) 21.01 -
VAR LMS (64) 21.89 +4.19
VAR LMS (56) 20.77 -1.14
VAR LMS (48) 19.63 -6.57
VAR LMS (40) 18.48 -12.04
VAR LMS (32) 17.37 -17.33
VAR LMS (24) 16.20 -22.89
VAR LMS (20) 15.62 -25.65
VAR LMS (16) 15.05 -28.36

maximum size of the memory blocks and counters in
hardware. The algorithm can vary the tap length of the
filter to integer multiples of subfilter size P with the
minimum size being P taps.

III. RESULTS

Two different adaptive filter cores have therefore been
implemented, the first being the conventional (CON)
and secondly the variable length (VAR-LMS). Both
have been analysed in terms of area usage and power
consumption and in channel equaliser configuration.
The cores were designed using Verilog HDL and
then synthesised using Design Compiler™ targeting
the UMC 0.18y standard cell CMOS library. The
requirements of the synthesis were identical for all
cores. This was vital in order to allow for consistent
power consumption and area usage comparisons. A
netlist was created for each core and back-annotated
netlist simulations for a uniformly distributed random
input bipolar binary data of 10000 samples using
Verilog-XL™ simulator were performed and verified
against Matlab™ simulation results. The resulting data,
including switching activity of the circuit nets was
then used by Synopsys DesignPower™ to determine
power consumption for the different adaptive filter
cores. In all of the above stages a clock frequency
of 100 MHz and a supply voltage of 1.8 Volts were used.

Area results are shown in Table I and power results are
shown in Table II. A 64-tap adaptive filter was analysed
(CON being fixed and VAR LMS being max possible
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Fig. 4. Number of taps for varying F/Ng

length) in both cases with fixed step-size p = 0.005.
Power analysis was carried out using an input E/Nj
of 15 dB and fixed channel profile. The channel profile
used is identical to that found in [4]. Various equaliser
lengths were manually chosen to analyse the effects on
power consumption for various tap-lengths. For example,
with input E /Ny of 15 dB, results in [4] show there is no
improvement in steady state MSE performance achieved
for tap lengths greater than 20. Table II therefore shows
that for the VAR LMS core a decrease in tap-length
results in an increase in the power saving achieved.
These results also identify the overhead present in the
VAR LMS architecture. For the VAR LMS core when 64
taps are in operation the power consumed is 0.88 mW
higher than in CON when 64 taps are in operation. It
can also be seen that the overhead in core area amounts
to an increase of 6.2% in VAR LMS over CON. When
the length update algorithm is employed to determine
the optimum number of taps, power is saved due to the
fact that a filter of greater fixed length will not achieve
a better steady state MSE. The graph of Fig.4 shows
the optimised steady state filter length of the VAR LMS
core for various input E /Ny levels. In this case K = 24
and P = 3 taps/segment.

IV. CONCLUSION

This paper has presented a novel architectural VLSI
implementation of a dynamically length optimised LMS
adaptive filter for use in channel equalisation. The
technique was implemented in a 64 tap adaptive filter
core and demonstrates length optimisation with varying
input E//Ny. The results demonstrate a power saving is
achieved by optimising the number of taps in operation.
Results have shown a power saving of 28% can be
achieved for a variable length architecture optimised to
16 taps over a conventional 64 tap fixed length adaptive
filter architecture. It has also been shown that the low-
complexity of the additional circuitry needed for the
variable length adaptive filter presents minimal overhead
for this architecture.
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Abstract— This paper presents a novel architecture for
tap-length optimisation of the linear LMS adaptive filter
within an LMMSE receiver architecture. No investigation
has previously been carried out to determine the suitablility
of this concept or the power saving that can be achieved.
A low-complexity length update algorithm is employed to
dynamically adjust and optimise the number of taps in
the adaptive filter present within the LMMSE receiver
according to channel conditions. The results show that
the chosen algorithm presents minimal overhead and
reduces power consumed due to optimisation of the filter
length. This paper presents the first architectural VLSI
implementation of the LMMSE receiver using the length
optimised adaptive filter and includes a performance study
in terms of area and power.

I. INTRODUCTION

Linear minimum mean square error (LMMSE) tech-
niques can be used to obtain near-far resistant receivers
in DS-CDMA systems and overcome the limitations
of conventional RAKE receivers. Such receivers have
been proposed for application in wideband-CDMA (W-
CDMA) systems. With optimal multi-user receivers
proving too complex to realise practically, several sub-
optimal multi-user receivers have been proposed [1]
[2] [3]. Among the group of sub-optimal receivers, the
adaptive LMMSE has been proposed for DS-CDMA
systems [4] [5]. The LMMSE receiver will minimise
the mean square error between the filter output and
the true transmitted data symbols. The coefficients of
the LMMSE receiver are dependent on the channel
coefficients of all users and must be adapted dynamically
as the channel changes. In a rapidly fading channel the
LMMSE receiver must be adapted continuously and will
suffer convergence problems if the channel fades too
fast. However, the LMMSE receiver can still be used if
the rate of fading is sufficiently low in relation to the
data rate. The authors of [6] and [7] present a modified
LMMSE receiver structure that employs an adaptive-
LMMSE technique to improve the performance of a
conventional RAKE receiver. This modified LMMSE
receiver assumes that the channel coefficients of the de-
sired user are estimated as is the case in the conventional

Fig. 1. Conventional adaptive LMMSE receiver functional blocks

coherent RAKE receiver.

In this paper the adaptive precombining LMMSE
receiver is implemented using the variable length
adaptive filter core developed in [8]. This work presents
an architectural VSLI implementation of an adaptive
LMMSE receiver core, targeting 0.18 micron standard
CMOS technology.

II. IMPLEMENTATION

The precombining LMMSE receiver performs multi-
user detection before the combining stage which op-
erates then at the symbol level. The adaptive case of
the precombining LMMSE receiver requires knowledge
of the spreading sequence, data bits and channel coeffi-
cients of each multi-path component for which estimates
are needed.

The following analysis is carried out for the adaptive
LMS version of the precombining LMMSE receiver and
is based on the structure of the conventional RAKE
receiver. In this adaptive LMMSE receiver each receiver
finger is adapted independently to suppress multiple
access interference.

A block diagram of the adaptive LMMSE-RAKE
structure is shown in Fig.1. The output of the /th receiver
branch can be expressed as
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(n H
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and the decisions are made in the adaptive LMMSE
receiver according to

L
B = sgn (Z 9’ yfff) @)
=1

where ﬁgl) represents the estimate of the original
transmitted data symbol, sgn(-) represents the signum
function and gz(l") represents complex conjugate of the
estimated channel coefficient.

The LMMSE filter coefficients are found by satis-
fying the MSE criterion (E[|e](£)|2]), which requires
the solution of the Weiner-Hopf equation to find the
optimal filter coefficients. The filter weights are updated

iteratively using the update equation

wi = wil) = uViy 3)

where p is the update step-size and V; is the gradient
of the MSE with respect to the filter coefficients. Us-
ing the stochastic approximation of the steepest decent
algorithm such that

Vit~ —2r(grihe)” + 2ry 4)

it can be shown[7] that the LMS algorithm applied here
takes the form

! 7 *

. )
= w,(:l) + 2ur(")ekf;’)
The error signal
el =i — i (©)

is used to update the filter weights using the LMS
algorithm.

At this point the receiver vector can be split into
adaptive and fixed component parts such that

wgy = gy + x,gf;) (7

where xénl) is the adaptive filter weight vector and sy, ; is

the fixed spreading sequence for the kth users /th path.
The functionality of the conventional RAKE receiver
can now be included for optimisation in the implemen-
tation of the adaptive LMMSE receiver finger with the
updates of the adaptive component now expressed as

(n—N)
Pilot Channel Ik

MF

Spreading

MF g,
o) kool (n—N)
r Yr,t
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(n)
FIR (")
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Fig. 2. Block diagram of single adaptive LMMSE receiver finger
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Fig. 3. Functional diagram of adaptive LMMSE finger structure
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where ué"l) is the step-size parameter for the kth users

lth path. The block diagram of a single receiver finger
in the adaptive LMMSE receiver can be seen in Fig.2.

A. Implementation of conventional adaptive LMMSE
core

In order to evaluate the performance of the our new
LMMSE receiver core, a conventional LMMSE receiver
core is implemented using the equivalent functional
blocks without optimisation. Mathematically, the out-
put of the pre-combining LMMSE filter requires the
spreading codes and delays of all. Process intensive
matrix inversion of the channel covariance matrix is also
required and is ideally avoided. The LMMSE receiver
is normally solved iteratively for each user by some
adaptive algorithm such as the LMS algorithm. As a
result, the implementation of this type of receiver is
referred to as the adaptive LMMSE receiver.

An adaptive LMS based pre-combining LMMSE re-
ceiver is presented in [7] with a similar structure to
that of a conventional RAKE receiver. This practical
solution results in having separate LMMSE receivers for

125



Publications

each multi-path component. To satisfy the MSE solution,
this adaptive implementation therefore needs to acquire
the knowledge of the spreading sequence timing and
channel coefficients for each multi-path component to
generate an estimate of the data symbols. The adaptive
LMMSE core therfore has multiple receiver fingers like
the conventional RAKE receiver, the arrangement for
one of which can be seen in Fig.2.

This implementation consists of an LMS weight up-
date block (WUD) which uses the data input samples and
an error signal to calculate new coefficients, and a FIR
filter block, which employs the coefficients calculated by
the LMS WUD block. This is used for detection using
the calculated receiver coefficients. Matched filters (MF)
are used for channel estimation and de-spreading. The
functional blocks within the adaptive LMMSE receiver
finger implementation can be seen in the diagram of
Fig.3. More detail about these blocks is given:

o« WUD: The LMS weight update block carries out
the calculation of the receiver filter coefficients
iteratively using the LMS algorithm.

o COEFF. FILTER: The calculated receiver coeffi-
cients are employed by this FIR filter to detect the
user data symbols..

o« SPREADING MF: The spreading matched filter
is used for de-spreading and synchronisation of
the received multi-path signal. The filter taps are
matched to the PN spreading code.

o PILOT MEF: The pilot channel matched filter is used
to determine an estimation of the wireless channel
coefficients. This uses the pilot channel code to
estimate the channel coefficients for the /th path.
Both the MF sub-blocks are based on an FIR filter
structure in terms of their hardware implementation.

o AU: There are a number of distributed arith-
metic units for calculation of the required adaptive
LMMSE solution components. There are two adder
units and a multiplier, all clocked at the symbol
rate.

e FSM CONTROL: This finite state machine control
block synchronises timing of all the components
according to the symbol rate and determines the
delay synchronisation of the matched filters.

B. Implementation of new adaptive LMMSE core

Following on from the implementation in the previous
section, the adaptive LMMSE receiver is modified to
include the variable length adaptive core, developed
previously[8]. Use of this variable length LMS algorithm
will optimise the computation required for calculation of
receiver coefficients in every finger of the receiver and
therefore reduce the overall power consumed.

The segemented FIR filter block which uses the re-
ceiver coefficients calculated by this WUD block, more

(n—N)
Pilot Channel Ik
MF

Spreading
MF g,
(n) Skl (n—N)
r Yr,t
Adaptive
(n)
FIR x ")

i

e
L. VAR-LMS !

Fig. 4. Single adaptive LMMSE receiver finger with variable length
LMS functionality

detail of which is also described there. All other blocks
within a given receiver finger will remain the same
as those in the conventional implementation for the
purposes of this analysis. There are no changes needed
to the FSM controller block as timing of the main
functional block in the receiver finger remains the same.

The arrangement of functional blocks in the new
adaptive LMMSE receiver finger can be seen in the
diagram of Fig.4. The following sections present an
analysis of the results found by making this comparison.

III. RESULTS

Conventional and low power architectures are coded
in Verilog hardware description language at register
transfer level (RTL). Two adaptive LMMSE receiver
cores have therefore been implemented, the first be-
ing the conventional (CONV) and secondly the new
implementation using the variable length LMS algo-
rithm (OUR). Both have been analysed in terms of
area usage and power consumption. The cores were
designed using Verilog HDL and then synthesised using
Design Compiler™ targeting the UMC 0.18: standard
cell CMOS library. The requirements of the synthesis
were identical for all cores to allow consistent power
consumption and area usage comparisons. A netlist
was created for each core and back-annotated netlist
simulations for a uniformly distributed random input
bipolar binary data of 10000 symbols using Verilog-
XL™ simulator were performed and verified against
the Matlab™ receiver core model. The resulting data,
including switching activity of the circuit nets was then
used by Synopsys DesignPower™ to determine power
consumption for the different adaptive filter cores. In all
of the above stages a clock frequency of 100 MHz and
a supply voltage of 1.8 Volts were used.

A minimum symbol rate of 16 kbits/s is achieved us-
ing a 31 chip Gold code was used in simulation with an
equal energy two-path (L = 2) channel and a maximum
delay spread of 10 chip intervals. The number of users
K was kept low for this analysis and an unmodulated
pilot channel was assumed to be present with equivalent
energy to that of the user data channels. A five tap FIR
filter is used to model the fading channel. The channel
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TABLE I
POWER CONSUMPTION FOR CONV AND OUR ADAPTIVE LMMSE
CORES
Core type Dynamic Power (mW)
CONV 32.97
OUR 29.71
TABLE I

COMPARISON OF POWER CONSUMPTION FOR FUNCTIONAL
BLOCKS IN BOTH LMMSE CORE IMPLEMENTATIONS

Block Conv (mW) Our (mW) % Diff
LMS WUD 9.956 8.953 -10.1
FIR 6.693 6.065 -9.38
Pilot MF 6.692 6.065 -9.38
Spreading MF 6.692 6.065 -9.38
Mult 1.236 1.062 -14.07
Mult 1.237 1.061 -14.22
Add 0.231 0.231 0
Sub 0.231 0.231 0
Control 0.035 0.035 0

tap coefficients are set to random values exponentially
decreasing in average power with exponent powers of 0
to -4 in unity steps.

A. Power Consumption for Conventional LMMSE core

An analysis of the power consumed by the conven-
tional adaptive LMMSE core is made for comparison
against the new receiver core which uses the VAR-
LMS adaptive filter. The functional blocks consuming
the highest power are identified. A fixed 32-tap adaptive
filter was used with step-size p = 0.01. The total
power consumed by the conventional adaptive LMMSE
core implementation of one receiver finger is 32.97mW.
Power results are shown in Table I for the total power
consumed by the receiver finger using conventional
processing blocks.

The LMS weight update block consumes the most
power, this is explained by the fact it is the most
computationally complex. The results in Table II show
the power consumed by each of the main functional
blocks in a single receiver finger.

B. Power Consumption for New LMMSE core

Initial power results for the variable length LMS
implementation of a single adaptive LMMSE receiver
finger are shown in Table I. A 32-tap variable length
adaptive filter was used to calculate receiver coefficients
with step-size ¢ = 0.01 as before. In this case K = 16
and P = 2 taps/segment. A signal to noise ratio of 10
dB was chosen and the variable length LMS algorithm

TABLE III
AREA ANALYSIS FOR DIFFERENT LMMSE RECEIVER CORES

Core Area (mm?) % Difference
Conv 1.98 -
Our 2.04 +3.03

converged to a tap-length of 14 taps. It can clearly be
concluded that the optimisation of the filter tap length
has resulted in a power saving in comparison to the
results for the conventional implementation given in
Table I. The multipliers used in the low power LMMSE
implementation have been optimised where possible and
are implemented using the non-Booth encoded Wallace
tree (nbw) type multiplier. This has brought a further
power saving to the optimised LMMSE finger and is
seen in the results shown. Most notably the power
consumed by the FIR filter and matched filter blocks
has been reduced when compared to the conventional
implementation.

The LMS weight update block still consumes the
greatest power but this has been targeted directly by
the optimisation of the variable length update algorithm.
Due to optimisation of the number of filter taps in
operation, the switching activity in the multiplier is
reduced and the accesses to the memory blocks storing
coefficients within the receiver coefficient filter are also
reduced. This is directly responsible for the reduction in
power consumed. The results in Table II show the power
consumed by each of the main functional blocks in the
receiver finger. There is of course a hardware overhead
in this implementation due to the control and error
calculation logic required by length update algorithm but
this is clearly mitigated by the power savings achieved.
Area results are shown in Table III and it can be seen
that the overhead introduced by Our implementation
is very low in relation to the Conv adaptive LMMSE
implementation.

IV. CONCLUSION

This paper has presented a novel architectural VLSI
implementation of an adaptive LMMSE receiver core.
The novel application of the variable length LMS adap-
tive algorithm for calculation of channel coefficients in
the LMMSE receiver core was presented and has proved
successful. The results demonstrate a power saving is
achieved by optimising the number of taps used in
the LMMSE filter coefficient calculations. Results have
shown a power saving of 9.7% can be achieved using
our receiver finger structure in comparison with the con-
ventional adaptive LMMSE implementation. It has also
been shown that the low-complexity of the additional
circuitry needed for the variable length adaptive filter
presents minimal overhead for this architecture.
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Appendix B
Matlab Code for the DECOR LMS
Filter

B.1 Main section of code

clear;

n_bits = 15;

fs=1000;

fn=fs/2;

taps=73; % FIR filter tap length
lowl=firl(taps-1,0.2); % transition edge 0.1 Fn

t= 10000; % The number of input data
bit_width= 16; % The coefficient bit_width

% Coefficient generator

coeff_16b = round((lowl/max(abs(lowl))) *32767); % 16 bit value
coeff_q = lowl;

c0 = [coeff_qg O];
cl = [0 coeff_q];
cin = c0-cl;

cin (round(cin * 2°n_hits));

Cc = cin/2°n_bits;

freqz(coeff_16b);
figure;plot(cin);

% Create input signals

x = ((rand(1,t)>0.5)-.5);

var = std(x);
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Matlab Code for the DECOR LMS Filter

noise=0.5 *(randn(1,(t)) *var);

% Standard FIR filter
FIR_coeff = coeff_g;
FIR_std = filter(FIR_coeff,1,x);

% DECOR filter

DEC_ref = filter(Cc,[1 -1],X);
DEC_approx = filter(Cc,[1 -0.99],x);

den = [-1]; %den = -1 to implement feedback loop.

q = length(Cc);
p = length(den);

X_n
Y_n

zeros( 1, q ); %shift register for x

zeros( 1, p ); %shift register for y

n = zeros(length(x),1);

for n = 1:length(x),
X_n(2:q) = X_n(1:9-1); %shift first g-1 values by 1
X_n(1) = x(n); %shift in next value of x

DEC_std(n) = Cc *X_n’ - den *Y_n’; %convolution sum
Y_n(2:p) = Y_n(1:p-1); %shift first p-1 values by 1

Y_n(1) = DEC_std(n); %shift in next value of y
end,;

%DECOR LMS code

del = taps+1;
pad = zeros(1,del);

delta = zeros(1,del);

mu = 0.0002;
C = zeros(1,taps+1); % adaptive coefficients are initialis ed to zero
W = zeros(1,taps); % adaptive coefficients are initialised to zero
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Matlab Code for the DECOR LMS Filter

X =

[pad, xJ;

DEC_out = [delta, DEC_std];

S5
1

< o
|

dec

for

zeros(length(x),1);
zeros(length(x),1);
zeros(length(x),1);
= zeros(length(x),1);

n = del:length(x),
X = x(n:-1:n-del+1);

dec(n) = C([1])
dec(n) = dec(n) + 0.99

X_FIR = X([1:del-1]);
y(n) = W *X_FIR’;

e(n) = DEC_out(n) - dec(n);

%Ims_X = X([1:del-1]);
W = W + 2mue(n) *X_FIR;

%W = round(Ws 2°n_bits)/2°n_bits;

init = n-taps;
if (init) < 74
dec_W = W([1:init]);
dec_X = X([L:init]);
else
dec W = W;
dec_X = X([1:del-1]);
end;

cO=[dec_W O0];
c1=[0 dec_W];

C=(c0-c1);

sizeof = size(C);
sizeof = sizeof([2]);

*X([1]) + C([2:del-1])
* dec([n-1]);

«X([2:del-1]) - C([del])
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Matlab Code for the DECOR LMS Filter

pad_C = zeros(1,74-sizeof);

C
C

[C pad_C];
(round(C *2°n_bhits))/2°n_bits; % Quantise weights for DECOR

end;
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Appendix C

Verilog Code for the DECOR LMS
adaptive Filter

C.1 Main section of code
M G
/+* TOP LEVEL LMS CODE/

M
/I implement LMS algorithm for N filter taps //
N

module LMS (clk, error, x_input, mu_val, reset_n, count, sc anEnable, scanln, scanOut, tap_W);

parameter word_size = ‘word_size;
parameter counter_width = ‘counter_width;

input [word_size-1:0] error;

input [word_size-1:0] x_input;

input [word_size-1:0] mu_val;

input [counter_width-1:0] count;

input clk, reset_n, scanEnable, scanlin;

output scanOut;

output [word_size-1:0] tap_W;

wire LMS_control_en, coeff_en, write_en, shift_clk, clk;
wire [counter_width-1:0] count, address;

wire [word_size-1:0] coeff_ans;

wire [word_size-1:0] shift_output;

wire [word_size-1:0] W_0, FIR_tap_W;

LMS_control control  (.count(count), .reset_n(reset_n),
.LMS_en(LMS_control_en));

LMS_counter LMS_address (.out(address), .cnt(LMS_contr ol_en), .reset_n(reset_n), .clk(clk),
.scanEnable(scanEnable), .scanin(scanin), .scanOut(sc anOut));

coeff_enable coeff_EN (.out_en(coeff_en), .count(addre ss));

shift_enable enable (.out_en(shift_clk), .count(addres s));
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Verilog Code for the DECOR LMS adaptive Filter

multiply_coeff  val (.err_in(error), .u_in(mu_val), .coe ff_en(coeff_en),
.coeff_res(coeff_ans), .reset_n(reset_n), .scanEnable (scanEnable));
input_shift_reg shift (.x_in(x_input), .shift_clk(shif t_clk), .shift_addr(address), .shift_out(shift_output ),

.reset_n(reset_n), .scan_En(scanEnable));
arith_unit  calcO (.coeff_in(coeff_ans), .x_shift_in(sh ift_output), .W_out(W_0), .W_in(FIR_tap_W));
my_DW_ram_r_w_s_dff W_RAM (.data_out(tap_W), .data_in( W_0), .addr_read(count), .addr_write(address),

.wr_n(1'b0), .reset_n(reset_n), .clk(clk));

my_DW_ram_r_w_s_dff FIR_RAM (.data_out(FIR_tap_W), .da ta_in(tap_W), .addr_read(address), .addr_write(count) s
.wr_n(1'b0), .reset_n(reset_n), .clk(clk));

endmodule // LMS

T i
T IR

C.2 Decor section of code

/= Decor_block.v
21/02/05 M.Tennant
*/

/ldefault word size

‘define word_size 16
‘define counter_width 7

M
/I 16 bit flip flop with active low reset //
" n
M
module d_latch_dec (out, d, reset_n, clk, scanEnable);
parameter word_size = ‘word_size;
input [word_size-1:0] d;

input reset_n, clk;

input scanEnable;
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Verilog Code for the DECOR LMS adaptive Filter

output [word_size-1:0] out;

reg [word_size-1:0] out;

always @(posedge clk or negedge reset_n)

if (‘reset_n)
out <= #1 0;

else if(scanEnable)
out <= {out[word_size-1:1]};

else

out <= #1 d;

endmodule // d_latch

i
/I Subtract //
i

module dec_sub (diff, in_0, in_1, CI, CO);

parameter width = ‘word_size;
parameter coefficient_size = ‘coefficient_size;

/I port decalrations

output [coefficient_size-1 : 0] diff;
output CO;

input [width-1 : 0] in_O;
input  [width-1 : 0] in_1;

input Cl;

wire [width-1 : 0] diff_out;

assign diff = diff_out[coefficient_size-1:0];

DWO1_sub #(width) dec_DWO01_sub ( .A(in_0),
.B(in_1),

.CI(CI),

.DIFF(diff_out),

.CO(CO));

endmodule // DWO01_sub;

NI N
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Verilog Code for the DECOR LMS adaptive Filter

M

/I Implement Decor Block //

M

module DECOR(w, decor, clk, reset_n, scanEnable);
parameter word_size = ‘word_size;

parameter counter_width = ‘counter_width;
parameter coefficient_size = ‘coefficient_size;

input [word_size-1:0] w;
input scanEnable, reset_n;
input clk;

output [coefficient_size-1:0] decor;

wire [word_size-1:0] w_1;

dec_sub sub_unit (.diff(decor), .in_0(w), .in_1(w_1), .C 1(1'b0), .CO());

d_latch_dec w_latch (.out(w_1), .d(w), .reset_n(reset_n ), .clk(clk),

.scanEnable(scanEnable));

endmodule // subtract
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MATLAB Code for the Variable

Length Equaliser

D.1 Main section of code

clear;
delta = 2;

n_bits=15;
t=5000;

X
r

0.5 *((rand(1,t)>0.5)-.5);
1

imp = [-44 0 -7 -12 -9 -14 -20 -16.5 -20 -22.5 -20];
response = (10.7(imp/10));
quant = round(response * (2°n_bits));
quant = quant/2°n_bits;

channel = [0.4 1 0.2 0 0.06 0.1 0.04 0.01 0.02 0.01 0.005 0.01];

channel = channel. *2;

b = (randn(1,5)). *exp(-(0:4));

c=[10-30.50-10 0.1];

% Generate noise
snr = 20;

n=1/sqrt(2). * (randn(1,length(x)));
noise = 107(-snr/20) *N;
noise = 0.25. *noise;
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MATLAB Code for the Variable Length Equaliser

var = 1,

noise_low_SN=0.55 =x(randn(1,t =*r) *sqgrt(var));
noise_low_g=round(noise_low_SN *2°n_hits)/2"n_bits;

noise_high_SN=0.01 = (randn(1,t *r) *sqrt(var));
noise_high_g=round(noise_high_SN *2°n_bits)/2"n_bits;

noise = [noise_high_q]J;

% input signal
input = (filter(c,1,x));
%input = (x);

pad = zeros(1l,delta);
padl = ones(1,4);
input_LMS = round(input *2"°n_bits)/2"n_bits;

input_g = round(input *2°n_hits)/2"n_hits; %Quantisation for file output

input_des=round(x *2"°n_bits)/2"n_bits;

% adaptive filtering

L=029; % filter length

P =3 % sub-filter size

mu = 0.005; % step size ( mu < 1/(L *std(x)"2) )

W = zeros(1,L); % adaptive coefficients are initialised to z ero
ASE = 50;

e_array = zeros(1,ASE);
e _sub_array = zeros(1,50);

pad = zeros(1,L);
x_pad = zeros(1,L-3);

x_delay = [pad X];
d = [x_pad, input_LMS];

y = zeros(1,length(x));
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e =

zeros(1,length(x));

y_sub = zeros(1,length(x));

e_sub = zeros(1,length(x));

coeff = zeros(1,length(x));

for

n = L:length(x),
X = d(n:-1:n-L+1);
y(n) = round((W *X') *2°n_bits)/2"n_bits; % adaptive filter out

X_sub = d(n:-1:n-L+(P+1));
W_sub = W(1:1:(L-P));
y_sub(n) = round((W_sub  *X_sub’) =*2°n_bhits)/2"n_bits; % adaptive sub-filter out

% error signals

e(n) = (round((x_delay(n) - y(n)) * 2°n_hits))/2"n_bits;
e_sub(n) = (round((x_delay(n) - y_sub(n)) *2°n_hits))/2°n_bits;
e_array(2:ASE) = e_array(1:ASE-1); % calculation of ASE

e_array(1) = (e(n))"2;

e_sub_array(2:ASE) = e_sub_array(1:ASE-1);
e_sub_array(1) = (e_sub(n))2;

ASE_res = sum(e_array);
ASE_res_sub = sum(e_sub_array);

if (ASE_res <= ASE_res_sub) % evaluate Filter length
L=L+ P; % to add or remove P taps

elseif (ASE_res >= ASE_res_sub)

L=L-P;

end

coeff(n) = (round(2 *mu-e(n) *2°n_bits)/2°n_hits);
W = W + coeff(n) *X; % LMS update

W=(round(W =* 2°n_bits)/2"n_bits);

e_sq(n) = e(n)2;

end;

139



Appendix E

Verilog Code for the Variable Length
Equaliser

E.1 Main section of code

This is the top level adaptive filter module.
*/

M
/I Adaptive Filter "
M
‘timescale 1ns/1ps

‘define word_size 16
‘define coefficient_size 16
‘define counter_width 7

‘define counter_size 72

‘define enable_val 71
‘define enable_val_sub 2

module adapt (y, y_dat, data, cnt, error, error_sub, count, size, init_tap, out_en, reset_n, clk, scan_en,

scan_in, scan_out, mu, tap_W, LMS_size);

parameter word_size = ‘word_size;
parameter coefficient_size = ‘coefficient_size;
parameter counter_width = ‘counter_width;
parameter error_val = ‘enable_val;
parameter error_val_sub = ‘enable_val_sub;
input [word_size-1:0] data;

input [word_size-1:0] y_dat, mu;
input [counter_width-1:0] size, init_tap;
input cnt, reset_n, clk;

input scan_in, scan_en;

output scan_out, out_en;

output [word_size-1:0] y, tap_W;
output [word_size-1:0] error, error_sub;

output [counter_width-1:0] LMS_size, count;

wire [word_size-1:0] x_m, tap_W, y_acc;

wire  [counter_width-1:0] count;
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FIR filter (.data(data), .x_m(x_m), .cnt(cnt), .reset_n( reset_n), .clk(clk),
.scan_in(scan_in), .scan_en(scan_en), .acc_round(y_ac c),
.out_en(out_en), .y(y), .count(count), .tap_W(tap_W));

subtract #(word_size, counter_width, error_val) sub (.y( y_acc), .y_dat(y_dat), .error(error), .count(count),

.clk(clk), .reset_n(reset_n));

subtract #(word_size, counter_width, error_val_sub) sub _minus (.y(y_acc), .y_dat(y_dat), .error(error_sub), .c ount(count),

.clk(clk), .reset_n(reset_n));

LMS adaptive (.clk(clk), .error(error), .mu_val(mu), .si ze(size), .reset_n(reset_n),
.count(count), .x_m(x_m), .tap_W(tap_W), .LMS_size(LMS _size),
.scanEnable(scan_en), .scanin(scan_in), .scanOut(scan _out));
tap_size tap_calc (.error(error), .error_sub(error_sub ), .count(count),
.clk(clk), .init_tap(init_tap), .tap_size(),
.alpha_up(), .alpha_dw(), .reset_n(reset_n), .scanEnab le(scan_en));

endmodule // ADAPT

e N0
NI N7

NI NI T
e N

I+ tap_size.v */

i

/I Adder I

nhiiim

module tap_add (A,B,CI,SUM,CO);
parameter width = 32;

/I port decalrations

output [width-1 : 0]  SUM;
output CO;
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input [width-1 : 0] A,B;
input Cl;

DWO1_add #(width) U_DWO1_add ( .A(A),
-B(B),

cie,

SUM(SUM),

.CO(CO));

endmodule // DWO01_add;

i
/I Multiplies a and b //
M

module tap_mult (prod, in_0, in_1, tc);

parameter word_size = ‘word_size;

parameter word_size_a = word_size;
parameter word_size_b = word_size;

input [word_size_a-1 : 0] in_O;
input [word_size_b-1 : 0] in_1;
input  tc;

output [word_size_a+word_size_b-1 : 0] prod;

DWO02_mult #(word_size_a, word_size_b) tap_U_DWO02_mult  ( A(in_0),
.B(in_1),

.TC(tc), /I 1'bl for two's complement

.PRODUCT(prod));

endmodule

M

/I multiplexer //

M

module tap_mux(out, in_0, in_1, sel);

parameter word_size = ‘word_size;

input  [word_size *2-1:0] in_0;
input in_1, sel

output [word_size *2-1:0] out;
reg [word_size *2-1:0] out;

always @(in_0 or in_1 or sel)
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begin
if (Isel)
out = in_0;
else
out = in_1;

end // always @ (in_0 or in_1 or sel)

endmodule // mux

M
/I 16 bit flip flop with active low reset //
" n
M
module d_latch_acc (out, d, reset_n, clk, scanEnable);
parameter word_size = ‘word_size;
input [word_size *2-1:0] d;

input reset_n, clk;

input scanEnable;

output [word_size *2-1:0] out;

reg [word_size *2-1:0] out;

always @(posedge clk or negedge reset_n)
if (‘reset_n)

out <= #1 0;

else if(scanEnable)
out <= {out[word_size-1:1]};

else

out <= #1 d;

endmodule // d_latch

s
/I rounds output (32 bits) to 16 bit //
M
module round_err (out_16, in_32);
parameter word_size = ‘word_size;

input [word_size+word_size-1:0] in_32;

output [word_size-1:0] out_16;

wire [word_size-1:0] out_16;
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reg [word_size:0] round;
always @(in_32)
begin
round = in_32[30:14] + 17'h 00001;
end // always @ (in_32)
assign out_16 = round[16:1];
endmodule // round_adder
M
/I rounds output (32 bits) to 16 bit  //
M
module trans_err (out_32, in_32);
parameter word_size = ‘word_size;
input  [word_size+word_size-1:0] in_32;

output [word_size+word_size-1:0] out_32;

wire [word_size+word_size-1:0] out_32;

assign out_32 = {3'b 0, in_32[31:3]};

endmodule // round_adder

M
/I create enable signal for accumulator "
M
module acc_enable (out_en, count);
parameter counter_width = ‘counter_width;

input [counter_width-1:0] count;

output out_en;

reg out_en;

always @(count)

if (count == 7'h 00)
out_en = 1;

else out_en = 0;

endmodule // out_enable

N
/I Counter module to count from zero to 23 //
M

‘define acc_counter_size 254

module acc_counter (out, cnt, reset_n, clk, scanEnable, sc anin, scanOut);
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parameter counter_width = ‘counter_width;

parameter acc_counter_size = ‘acc_counter_size;

input cnt, reset_n, clk;
input scanEnable, scanin;
output scanOut;

output [counter_width-1:0] out;

reg [counter_width-1:0] out;

always @(posedge clk or negedge reset_n)
if (‘reset_n) I reset

out <= #1 acc_counter_size;

else if (scanEnable)
out <= {scanlin, out[counter_width-1:1]};

else
if (cnt)
if (out == 0) /I if out is zero
out <= #1 acc_counter_size; /I set out to 23
else
if (out > acc_counter_size) /I if out greater than 23
out <= #1 acc_counter_size; /I reset out to 23
else

out <= #1 out - 1; // otherwise subtract one
else
out <= #1 out; /I if cnt not high don't do anything

assign scanOut = out[0];

endmodule // counter

M

/I Implement Error Calc 1

M

module MS_error_calc (error, acc_error, ase_en, reset_n, scanEnable, ctr_en);
parameter word_size = ‘word_size;

parameter counter_size = ‘counter_size;
parameter counter_width = ‘counter_width;

input ase_en;
input  [word_size-1:0] error;

input scanEnable, reset_n;

output [word_size-1:0] acc_error;
output ctr_en;
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wire [word_size+word_size-1:0] ase_32, mux_out, d, accu, comp;
wire [word_size-1:0] err_hold, rnd_error, ase_hold;

wire [counter_width-1:0] sample;

wire ctr_en;

/ld_latch_err err_latch (.out(), .d(), .reset_n(reset_n ), .clk(ase_en),

/I .scanEnable(scanEnable));

tap_mult mult_unit (.prod(ase_32), .in_0(error), .in_1( error), .tc(1'bl));

trans_err compress (.in_32(ase_32), .out_32(comp));

round_err round_ase (.in_32(accu), .out_16(acc_error)) H

tap_mux acc_control (.out(mux_out), .in_O(accu), .in_1( 1'b0), .sel(ctr_en));
tap_add add (.A(comp), .B(mux_out), .CI(1’b0), .SUM(d), . CO(no_connectl) );
d_latch_acc acc_latch (.out(accu), .d(d), .reset_n(rese t_n), .clk(ase_en),

.scanEnable(scanEnable));

acc_counter sample_count (.out(sample), .cnt(1'bl), .re set_n(reset_n), .clk(ase_en),
.scanEnable(scanEnable), .scanin(), .scanOut());

acc_enable acc_ctr (.count(sample), .out_en(ctr_en));

endmodule //

NI NI T

M
/I create enable signal for output register //
M
module ASE_enable (out_en, count);
parameter counter_width = ‘counter_width;

input [counter_width-1:0] count;

output out_en;

reg out_en;

always @(count)

if (count == 7'h 45)
out_en = 1;

else out_en = 0;

endmodule // out_enable

i
/I Up Down Counter //
M
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module up_dwn_count (data, up_dn, load, cen, clk, reset, co

parameter width = 7;

/I port decalrations

output [width-1 : 0]  count;
output tercnt;

input [width-1 : 0] data;
input up_dn, load, cen, clk, reset;

DWO03_updn_ctr #(width) TAPS_DWO3_updn_ctr (.data(data)
.reset(reset), .count(count), .tercnt(tercnt));

endmodule // DWO01_sub;

M
/I state_machine control I
M

module control_up_down (clk, ctr_en, pos_neg, grad, limit

/lparameter counter_width = ‘counter_width;

parameter start =0;
parameter init =1;
parameter ctr_hold = 2;
parameter comp = 3;
parameter assert_up = 4;

parameter assert_dn = 5;
parameter clk_L = 6;
parameter clk_G =7
parameter wait_L = 8;
parameter wait G = 9;

input clk, ctr_en, pos_neg, grad, limit_up, limit_dn, rese
output clk_up_dn, load, up_down, alpha_sel;

reg [3:0] current_state, next_state;
reg load;

reg up_down;

reg clk_up_dn;

reg alpha_sel;

always @(reset_n or clk)begin
if('reset_n)begin

current_state = 0;

load = 1;

up_down = 0;

clk_up_dn = 0;

unt, tercnt);

. .up_dn(up_dn),

_up, limit_dn,
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end
end

always @(posedge clk)begin
if (current_state == start) begin
if (reset_n == 1) next_state = init;

else next_state = start;

end

else if (current_state
load = 0;

next_state = ctr_hold;

end

else if (current_state
load = 1;
alpha_sel = 0;

== init) begin

== ctr_hold) begin

if (ctr_en == 0) next_state = ctr_hold;

else if (ctr_en == 1) next_state = comp;

else next_state = ctr_hold;

end

else if (current_state

== comp) begin

if (pos_neg == 1) next_state = assert_dn;

else if (pos_neg == 0) next_state = assert_up;

else next_state = comp;

end

else if (current_state
up_down = 0;

== assert_dn) begin

if (limit_dn == 1) next_state = clk_L;
else if (limit_dn == 0) next_state = wait_L;

IInext_state = clk_L;
end

else if (current_state
up_down = 1;

== assert_up) begin

if (limit_up == 1) next_state = clk_G;
else if (limit_up == 0) next_state = wait_G; //limit

IInext_state = clk_G;
end

else if (current_state == clk_L) begin
clk_up_dn = 1;

next_state = wait_L;

end

else if (current_state == clk_G) begin
clk_up_dn = 1;

next_state = wait_G;

end

else if (current_state == wait_L) begin
clk_up_dn = 0;

if (ctr_en == 1) next_state = wait_L;
else if (ctr_en == 0) next_state = ctr_hold;
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else next_state = wait_L;
end

else if (current_state == wait_G) begin

clk_up_dn = 0;
if (ctr_en == 1) next_state = wait_G;
else if (ctr_en == 0) next_state = ctr_hold;

else next_state = wait_G;
end

current_state = next_state;

end

endmodule

M M

M
/I Implement Tap Size Block //
M

module tap_size (clk, error, error_sub, count, tap_size, i nit_tap, alpha_up, alpha_dw,
reset_n, scanEnable);

parameter word_size = ‘word_size;
parameter counter_width = ‘counter_width;

input [word_size-1:0] error, error_sub, alpha_up, alpha_ dw;
input [counter_width-1:0] count;

input [counter_width-1:0] init_tap;

input clk, scanEnable, reset_n;

output [counter_width-1:0] tap_size;

wire [word_size-1:0] error, error_sub, acc_sub, acc_fina I, latch_sub, latch_final, ABS_diff, ASE_diff;

ASE_enable err_enable (.out_en(ase_en), .count(count)) ;

MS_error_calc calc_sub (.error(error_sub), .acc_error( acc_sub), .ase_en(ase_en),
.reset_n(reset_n), .scanEnable(scanEnable), .ctr_en(c tr_en_sub));

MS_error_calc calc_final (.error(error), .acc_error(ac c_final), .ase_en(ase_en),
.reset_n(reset_n), .scanEnable(scanEnable), .ctr_en(c tr_en));

d_latch_err ase_latch_sub (.out(latch_sub), .d(acc_sub ), .reset_n(reset_n), .clk(ctr_en_sub),

.scanEnable(scanEnable));

d_latch_err ase_latch_final (.out(latch_final), .d(acc _final), .reset_n(reset_n), .clk(ctr_en),
.scanEnable(scanEnable));
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tap_sub error_diff (.diff(ASE_diff), .in_O(latch_sub), .in_1(latch_final), .CI(1'b0), .CO());

sign ASE_sign_of (.in(ASE_diff), .sign_of(ASE_sign));

absval absval_ASE_diff (.in(ASE_diff), .out(ABS_diff)) ;

ASE_diff_lim_up ASE_lim_up (.inO(ABS_diff), .comp(limi t_up));
ASE_diff_lim_dn ASE_lim_dn (.inO(ABS_diff), .comp(limi t_dn));
control_up_down control_cnt (.clk(clk), .ctr_en(ctr_en ), .pos_neg(ASE_sign), .reset_n(reset_n),

.clk_up_dn(clk_up_dn), .load(load), .up_down(up_dn),
.grad(), .limit_up(limit_up), .limit_dn(limit_dn),
.alpha_sel(alpha_sel));

up_dwn_count taps (.data(init_tap), .up_dn(up_dn), .loa d(load), .cen(clk_up_dn), .clk(clk),
.reset(reset_n), .count(tap_size), .tercnt());

endmodule // tap_size

e N
i NI
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