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Abstract

The paper addresses the probicms associated with producing a puzely digital power amplifier which is
bivied upon the s 12 (Pulse Width Modulation) mode of operation, which is an unpitlication tech-
wique particularly suitable for this application. Ao enhaneed digital pulse width niodulation vonversion
process s introduced and s shown that the use of such a conversion provess can lead to a0 substantial
reduction in the leomonic distotion introduced by the sumpling teehimigue when compared with ex-
isting wechniques. The practical digatal implencnition of the conversion provess s also deseribed using
asysten which eomsists of o dedicated digital signal processor together with very higlh speed digital logic
e,

litroduction

Por sonmwe years there has been adesine 1o produce s all digital audio system. "Co date only the power
arphificr and the Tousdspeaker system balts the prosgress towands this ol The digital amplifier based
upan the chiss D moede of operation proposed bere is ane inowhich e input is in the form ol digitised
sunples of an awdie signal which are then Jigitally processed in such a wiay W produce o power digital
siznal which after Glering can be direetly applicd 1o o Wwudspeaker system. This svsten alleviates the
need Tor conventional digital 1o ualogue conversion Tollowed by hinear analogue amiplification. “The
basic form ol the digital class 1D amplifier is shown in figure (1. The digital audio sunples are subject
Lo sanne Torm of igital preprocessing su then are converted dircatly 1o pulse widih madulation. The
resullant low vollage pulse train can than e amplified casily el cllicicutly by a power output
switching stage which uses devices such as power MOSERETSs, which have a capability for high
switching specds, Finally the nplified signal is estored when tie oulput of the power stage is applicd
L i analogue lowpass Bilier.

Class D power wmplification itsell a mumber of distinet advantages over conventional linear
power anplifiers peinarily duc to the inethod of opertion. 1hese include :

Lo The switching witure of the power oufput stage leads 1o cficiencies upwards of 80 per cent,
thercfore leading to i staller power supply and smaller heatsink.

2 The simple repeatable construction and lower complexity of the wnplifier design lewls (o lower
manulacturing costs.

o The amplificr can e made physically smaller than a Jinear power wnplifice of comparable power
output especially when desipned with a switched mode power supply, and is thercfore particularly
suitable for 1A applications were Lurge numbers of high power output amplificrs are required .

4 Mainlaining digital operation throughout allows the use of o dedicated dipital signad processing
techuigues which vould be used to perfonn additional acoustical Tupetions such s tone cotiral,
reverberation cte,

However it is fair 1o sy 1hat the digital class D power amplifier has two major disadvantapes.
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Firstly the digital circuits involved in the pulse widih modulator need to operate at very ligh speeds
which wall ultimately limil the fundamuntal resolution of the system.  Sccondly extra distortion com-
ponents are added to the signal when the digitised samples are converted to pulse width modulation.
‘The paper discusses a sampling process which lowers the distodion present in the putse width modu-
fated signal and shows how it can be implemented using a digital signal processor and high speed ECL
logic. .

Digital Implementation of Pulse Width Modulation

The use of class D amplilication dictates that its input signal must be converted to a pulse width
modulated format,  This can be achieved with a system of the forn shown in figure (2). Digital
counters are Joaded by a digital preprocessor with a value at fixed intervals separated by some time 7,
whose frequency determines the eamier frequency of the pulses. The counter would then count down
ulif a teminad count e 0 is reached taking, o time delined as 7. A1 this point a iming pulse, derived
from the counter, is used to change the state of a J-K ip Qop device which would produce a pulse edpe
and therclore defining a pulse width given by 7, . Three alterative techniques based on this prnciple
we shown disgrammatically i figures (3a) to (3¢).  Figure (Ja) shows how pulses with trailing edge
moduliation are dedved, which is generally the most simple case. Symmctrical double edge medulation
can be formed by a similir mueihod as shown in figure (3b). In this case pulses are produced having
edges that are equidistant from the centre timing points where the feading cdpe is delined by loading
the counters with a value cquivalent o the lime (772< 7,3 . Another form of medulation, again
duuble edged, is shown in figure (3c) where separate samples are used o defise cach pulse edpe in
contrast ke e previous case where asingle sample defined the position of both edges. In this case the
pulse edges are asymmetrcally positioned about the centre tisming points.

From the above desedption the task conventing digitised samples o pulse width modulation would
seein to be relatively simple, However the il cireaits involved in the provessing lave to runoa a
very high clock speed. For example in a 16 bit system with s carnier leequency of 4.1 KEL e clock
frequency necessary to drive the counters is : Fru = 2 x 4402 107 x D¢ = S78GH 2 which is clearly not
vindly practically attainable.

If a resolutivn of 12 bits would suflice then this Rgure would be reduced to 361278472 which is
achievable with ECL device technology. 1 can be seen that it is Jesirable to keep the pulse width
mudulation carmier frequency as low as possible in onder to keep the clock frequeney o mininann. A
12 bit system b been bailt based around TUL Fast and ECL logic in order 1o implement these ideas
together with a technigue for reducing the clock frequeney without sacilving the fundamental resol-
utien of the systetn. The system is spilt into two sections consisting of o 1T, seetion and an ECL logic
section in which the 'FUL Jugic is used primanily to produce pulse width modulation of 9 bits resal-
ution,  LCL logic is then used to effectively change the position of the pulse edges according the nu-
mencil value of the remaining 3 bits, A Block diagram of the systen is shown in figure ().

As mentioned earlier resolution 1o 12 bits would nomually require a clock frequency of approxi-
mately J6UM 1z however a logic circuit has been devised, shown in figure (5), that can achicve a silar
reslution but with o fundiunental cluck frequency of 9084z, The tming wavetorms that arc applicd
tao this cireuit consist of the fundamental ¢lock signal as well as guarter cycle delaved, inverted, and half’
frequency versions of i, these waveforms are shown in ligure (6). {deally the circuit drven by the 3
Icast sigailicant bits Jdelays the pulse edges in steps of 2.77as 2 maximum of 22.16m5. On test it bas
produced pulses with a maximum cror of 2as which vormespouds 10 a 0.7 bil error although iy most
cases produces less than a 0.3 bit crror.
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Sampling Technigues

Production of puise width medulation is nocmally categorised into 1w forms which are entitled Ui

Jorm Sampling and Nutural Sumpling  which are shown in Bgires (7) and (8) respectively, In ligure
{73 it can be seen thal i unifunn sampling is used the widths of the modulated pulses wre proportional
1v the instantancous amplitude of the madulating signal at unifornaly spaced intervals of time. “The
madulating signal is shown liere as 3 sample and hold wavefurm were it can be seei that its wnplitude
does ot change throughowt the sumpling interval. 1 s importan to note that the sampling instants
are not coincient in time with the edges of the modulated pulses, 'The application of uniform sampling
is particularly suitable here since its use reties on sampled signals for the praduction of pulse width
modulativn. In contrast mturd sampling uses analogue signids for the production of pulse width
modulation. Pulse width modulation of this form is produced when signals of the form in figure (8)
are applicd to an analogue comparator. “The sesulting pulse width modulated signal would have pulse
cdges that are coincident in timme with the sampling instants and that the time between sampling imstant s
can vary.  Natural sampling caomot be implemented digitally since complete knowledye of the signal
between sampling instants is requised,  However it can be approximated in the digital domain with thie
use of linear interpolation.

Buth sampling technigues can be used to produce modulativn on either or both cdges of the pulse.
However from this point in the paper the discussion is confined 10 double cdge modulaion as it ulti-
matuly results in higher perfonnance than single edge modulation and is thercfore mure applicable for
i use.

Spectra of Modulated Pulse Trains

The use of uniform sanpling or nateral sunpling gives pulse trains that have distinctly different fre-
yuency spectri. It can be shown that double edge unifonn sampling pulse width modulation has the
frequency spectum given by equation (1):

(mna)
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Similarly the frequency spectrum when natueal sampling is used is given by cquation (1) :

e Heoswe \ o WU (Mrmf2y | . .
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where:
a = ratio of signal to carrier frequency
w, = camier frequency
e, = signiil frequency
4o = Bessel function of the first kind with integer order
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{1 = pulse height

M= wedulitn depth

or = caprier laemonic number
= sigial hamaoaic smonber

Referring o equations (1) and (2) the nature of the distortion addid to the original signal can be
categonised into two tonns, delined as follows :

I. Forward harmonic distortion, where the distortion compunents are hammonically related to the
input signal. These compouents are given by the list teans in the above expressions.

2 Combinational folded back distortion, where the distortion components are at frequencies centred
around multiples of the carrer frequency and therefore are pon-hanmonically related 1o the input
sipnal. These components are given the second tenns of (13 and (2). :

‘Ihe distortion components that are of interest are those which Tl within the passband of the am-
pliticr, itself a function of the handwidih of the output lowpass filter. Typically these would be forward
harmenic components with frequencies piven by mm, < @y, and combinational compenents with fre-
quencies given by (oo — fw,) S s, , where wy, is the break point of the oulput lowpass filter. In
practice the finite rate of roll off of the filter also needs 1o be accounted for.

Referring to cquations (1) and (2), a distinct dilference in the frequency spectrum of the modulated
pulscs of buth gatural sunpling and uniform sampling can be seen.  Nalural sampling leads 1o zero
amplitude Forward harmonics with all the distortion comning from the combinational componcnts. In
contrast the use of uniform sampling results in the production of both forward hanmonic and combi-
aational distonion. However the amplitude of the combinational componcats are lower than those
oblained when using natural sampling. A quantitative description is shown in figure (9) which re-
presents an amplifics with a earrier frequency of 2 subject 10 sinusoidal input of lrequency £ . As can
b scen there is ensembly of distortion componets which fall within the envelope of the lowpass filter
and therelore are not attenuated. The use of asymmetrc uniform sampling produces only odd order

combinativnal components, (7 — a3} n odd, amd also for symmetnc uniform sanpling the wbdition
of even order forwird hamnonic components aswell.  The waiform and patural samepling processes
discussed above result in a different combination of forward hannonic Jistortion and combinational
fulded back distortion and sv the choice of sampling teehnique is patticulaly importut. There are
variows Liclors which influence 1his ¢hoiee some of which ane:

L:Bandwidih of the input sigoal,

20 oxlulating {vurnien) frequencey.

A Modulation depth and the maximum signal strength |
SAmplitude response of the output bwpass filter,

The digital class D power nplilier proposed would ideally have a carmier frequency of 441 k2
or K82 KUz (an dnteger mulliple of the samphing frequency of compact dise systemns). Any higher
would introduce cxtra problems associated with the speed of the digital hardware and also extra energy
lusses in the power oulput stage. Studies have shown et at these intermedinte camier freguencics
neither umiform or aatural sampling result in the best pedformance. This has T w the considertion
al i enlanced sampling techuique, similar 1o that suggested by Mabwoy [2] and presented in |3, that
is controllable which can take a range of fomis between unifonn samphing and satueal sanpling. This
process, depicted in figure (K0, may be Jeseribed by considering a sigial (1) whose sampled valucs at
tisnes #f atd (a4 DT are Sl S respectively. The pulse widih at time ad’is derived by the natucal
sunpling of a transformed version, £(), of the onginal signal A0 between these sunples | defined as
lirllows:

S =1 =)t —al) +4T) 0Sc<] 3
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Here the vaniable ¢ relates 10 the extemt of departure of 1his provcess from natueal suonpling. Wlen
ris ero patural sampling is obrained, altermatively setting ¢ 1o unity achivves unifvnn sempling, Al-
thougli it be would dillicolt 1o smplement this process exaclly i priwlice, it iggonsidered here since an
anabytical expressivn can be obtained for the spectrum of the FWM i produces ad b is Jlustrative of
the sampling process in which the distortion tenns can be vaned, i this case by the factor ¢ The

spectrwn for the new sampling process can be written in gencral fonn as:
) N 2 Manac)2)y
K= ——-(M—H)—— sin{an{2) cos{met — nmacfd)
S = i+
21 (Maim + 2
+ Z Z “("(;‘:‘”’:;’c’ ) sin{{m + n)n|2) cos{u(i 1) + i £~ Anasfl)

m=| n=—oo

It follows that sctling £ = | forees the above expression to that of equation (1) and similarly setting
& = 0 reduees i fo the forn of cquation (2). With intermediate values of & there is a fendency for the
forward harmonic disturtion lenas to increase with ¢ and the combinational weoms 10 reduce with e,

Implementation of Enhanced Sampling

An approximate form of cnhanced sampling is obtained when the digitised input ssmples are applicd
to the transformations given by cquations (5) and (6). ‘The tuning of the trailing cdge of (he pulse is
derived from the normalised sanples 5, and 55 of the sipnal and the sampling perod 7, shown in figure
(7}, defined as T, is given by :
a3y S + .
=2 (=) 85— 8y}

Iz .|

Similarly for the Icading edye, 7,; is given in terms of the samples S, 83
1=-3% \
Tora g (1 —3)(5,— Sy 2

(6)

The values of 7,1 and 7,; loaded into the digital counters which gencrate the pulse widih modulation
are calculated from the swnpled signal values in the digital proprocessor shown in fpure (2). A single
chip Texas TMS32010L15 device was used for this purposc in the prototype system. Since equations

(3} and (6) invoive mathematical divisions They are implemented in the TMS software by a relatively
simple iteration procedure, “This procedure which does not require fiked point division and can be
readily implemented in real time by the digital signat processor. The procedure, denived ltom equations
(5) and (6) produces sequences T4 and 7% for the &* iteration in the following, mamner and can be
accomplished using integer antlunctic.

", 5+ -5
e (R V) @)

and
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Thie wbuve cquations eonverge, o The requined vabues of 1, and 7, respectively after approximately
five iterations from initiad vatues 7% = 5 and 1= 5 .

Results

Previous work [ bus indicated that with apt design the power output stage of the class 1D muplifier
aewd not ntroduce any sipnilicant distortion components to the madulging signal. Theeefore dis-
jortion that is producad G be seen o anse mainly from the pubse width modulation conversion
process (Il The results prosented here are indicative of the distortion produced by the conversion
[HOCesS.

The systen toder fest bas @ eamier frequency of 44,1 k8z and is subject to sinusoidal modulation
with frequeticies up t 20 Az, Outpat lltering is accomplished by a 6* order Butterwonth fowpass
filter withy a 3B pont at 20 &7z In order 1o assess the maximum distontion that would be produced
the amplitude of the sinuseids were cliosen sa as W set the modulation index equal to 0.9 which is
similar to a full power output test of a convent ional lincar power amplifier. Figures (12) and (15 shiow
the Jevel of total hameonic distortion produced as a function of the sampling factor € when sinusoids
with freguencies of 4, 6, 10 and 20 Rz are wsed as the modulating signals. Figure (12) is obtained for
the idead sampling technigue deseribed by equation {4) whercas ligure (13} presents the distortion
measured Trom 1he practical systom. The level of distortion for [0 klILz and 20 kKl inputs appears to
e extoenmely ligh however it must be noted that in 1ypical audio music signals the power as a function
of Frequency decays at approximitely 6 decibels per octave, “This results in a raduction of the modu-
Jation idex at these higher frequencies which in tam redueees the Jevel of distortion. The madulation
index a1 20 kI would normally be only 0.1 or less and typically 0.2t 10 kI lz resulting in distortion
levls some 20 di) less than thuse shown in the fgures, The asdvantage of the enhanced ssnpling,
tehnigue over eonventionad uniform ampling can be seen as a reduction of e level distortion by up
to 12018 at the lower frequencies. 7 the reduction of modulation index with increasing frequency is also
taken dto account then an optimum value of ¢ is seen to emerge. ey value of £ = 0.6 would result
in the best across the band performance, 1 can be seen that there is good agreement between the ideal
and practical implementation for the 10 &/{z and 20 kf1z results for all values of £ and similarly for the
d kHz and & kiz results from £ = | down o 0.4, Below this value the cxperimental results duviate
from those cxpected which has been identified as an additional third hanmonic distortion component
a5 o result of the lingar interpolition approximation.

Conclusion

The digital impleinentation of a class L power amplificr has been considered together with a gualitative
description of the distortion such an anplifice would produce. An enhanced sampling process has been
showit which can Iead 1o an overall reduction of distortion compared with more convenliond sampling
techuiques. The digital implanentation of this technique, involving the use of a digital signal processor,
hus been discussed.  The use of the enhanced sampling technigue has resulted in an aceeptable per-
fomtnce being wbtained from the full bandwidth system which has a camicr frequency of 4.1 kifz.
This type of digital ampiification is scen to have applications in P.A and in-car audio systems.
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