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Firstly the digital circuits involved in the pulse width modulator need to oper e at very high speeds
which will ultimately limit the furidiurientid resolution of the system. Secondly extra distortion] corri-
ponents are added to the signtd when the digitised samples are converted to pulse width modulation.
’lhe paper discusses a sampling process which lowers the distortion present iii the pulse width modu-
lated signal and shows how it can be implemented using a digital signal processor and high speed liCL
logic. -

 

Digital Implementation of Pulse Width Modal on

The use of class 1) amplification dictates that its input signal moit be converted to a pulse width
modulated fonnat. 'l'hi be achieved with a cm of the fonn shown in figure (2). Digital
countch are loaded by a digital preprocessor with a to an at fixed intervals separated by sortie time 1'.
whose frequency detcniiincs the carrier frequency of thc pu The counter would then count down
uii a tenrtirial count i.e (l is reached taliiricY a time defined as ,. /\I this poirtt a timing pulse, derived
from the counter. is t ed to cllunpt: the tale ofa J-K flip flop device which would produce a pulse edge
. d therefore defining. .i pulse width given by T, . 'l'hrce alten e techniques in sed on this principle
are shown diagratnrii Ically in figures (3a) to (flu). Figure (.la) shows how pul. s with trailing edge
modulation are dcri ed. which is generally the most simple case. S)‘ unetriczd double edge tnodttlation
can be limited by a similar method ; shown iti figure (3b). In this c pulses are produced having
ed '5 that are cquidi. it from the L titre t nit pr tits when: the leading edge is defined by loading
the t‘outitc with a value equivalent to the time (172— 7;.) . Another form of irtodulation. a in
doulilc cdg l is .\hu\\'t| iti figure (3c) where separate tiiples are used to define each pulw edge in
contrast lo the prL ious where inglc tmplc defined the position of both edges. [it this so the
pul.\c edges are asytiuuctrieidly po. oned about the centre tinting points.

    
  

 

  

  

  
     

   

   
   

  

   From the ‘IlXH'L' description the l.- com'ening digitised s‘unples to pulse width modulation would
‘in to be rclativ 3' simple. However the digi d circuits 'ni'oli'cd in the proce me have to run at a

pccd. lior example in a lo hit . em with a can'ii-r frequent.) of-t-H Lll/ the clock
iece ry todrive the counters is : F... = Z x 4-H x it)1 x 2" = 5.786”; which is clearly not

ly attainable.

     

 

  

  

Ifa resolution of II hits would suffice tlicn this figure would be reduced to .lril.27.llll: “lllL'll is
ile with technology, It can he at that it is dcs' dc to keep the pulse \Htllll

mudnl niti c rri r frcqtn c) as low as po ilc order to keep the clock frequent. a iitittitiiuitt. A
ll liit stcui has been built h ed around l [L l tat iuld liCl. logic 'n order to itttplctttctit these ideas
Ioectlicr \ tli a technique for reducing the clock frequency without . r the fundamental re. [-
ution ofthe . 'Il ‘syslmi " spilt into l\\‘t sections ctiti." tirtgofa I ll. ‘L'littll :rtid an liCl. logic
. ’on in which the used primari ' to produ pulse width modulation of ‘) resol-
utioti. li(‘l, logic is llien used to c man‘er ch e the position of the puth lgcs according the nu-
ttierical i'rduc ol' the remaining J hits. 1\ block dia tilt of the system is shown in figure (4).
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As mentioned earlier resolution to [2 hits would nonnally require a clock frequency of approxi-
rnatcly Jotlllllz however a logic circuit has been dev id. shown l' are (5), that can achiu ‘ shit I"
resolution but witlt a fundtunetilal clock frequency of 90Mllz. 'l he tuning wavclimns that are ippl
to this circuit consist of the fundamui .11 clock signal as well as quarter cycle delayed. inverted, and half
frequency v sionsof it, these waveforms are shown iii ligurc (b). Ideally the circuit driven by the 3
least utilic. nt hits delays the pulse edges iti steps of 2.77m a maximum of 2116:". ()n test it has
produced pulse with a maximum error of 2n: which corresponds to a 0.7 bit error although in most
cases produces less than a ()3 bit error.
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Sampling 'l‘eeliniqucs

 

-ntilled Uni-
ly. In ligure

Production of pulse width modulation is normally categorised into two forms \vhiel ir
jiir-m Sampling and Natural Sampling which are shown in lignres (7) and (8) respee
(7) it can be seen that if u lonn sampling used the widths of the modu ted pu are proportional

' . unplitude of the modu ting sign unit‘onuly s ed inteth of time. The
shown here as a sample and hold w: L unn were it be seen that its zunplitude

go throughqu the sunpling interval. It is Important to note that the sampling instants
are not coincident in time with the edges olthe modulated pula l‘he application of unilunn sampling
is particularly suitable hen: since its use relies on sampled s'gnais lor the production of pulse width
modulation. in contrast natur:d sampling uses analogue slg ds for the production of pulse width
modulation. l'ulse width modulation of this him is produe I when signals of the limit in figure (R)
are applied to an tundogue wmpmalor. The resulting pulse width modulated signal would have pulse
edges that are coincident in time with the sampling inslan and that the time between sampling instants
can vary. Natural sampling uuinut be implemented d g tily sinee complete knowledge of the Ignal
between sampling instants is requ d. However it can be approximated in the digital domain with the
use of linear interpolation

   

   
  

  

    

  
  

Both sampling techniques eatt be used to produce modulation on either or both edges of the pulse.However from this pomt in the paper the discu‘ m is confined to double edge modulation as it ulti-mately results in higher perlonniuice than single edge modulation and is therefore more applicable foraudio use.

 

Spectra of Modulated Pulse Trains

The use of unil'onn sampling or natural sampling gives pulse traim that have distinctly diil'erent ire-quene) spectra. it c I be shown that double edge unilonn sunpling pulse width modulation has thelrequeney speetnun given by equation (l):

 

m) S‘lelnptlnalz) . m I,
= —‘—‘. l - _ 1 . — I -A (nu) \I Itmi Mn 0,! rm )
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“(m + I”) sin((nr + n)u/2) mummy: + mm" — nun/2)
= n=—uu

+2 ":1 leln(tlln(ni+nz/Z))

"I I

Similarly the frequency spectrum n'hcn natural sampling s used is given by equation (2) :

was
I: _ It «my _‘ “ Illlntrllnm/Z) , 1 7(t) _ —z— + TMn((m + II)! I.) «Mater! + "hut" i-)

m. III—6‘:

where:
a - in of signal to canier frequency

urier frequency
yial frequency

Bessel function of the first kind with integer order
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II = pulse height
uodulat In depth

lll‘r harmonic number
M = signal hannonie uuuihcr
  

Referring to equations (I) and (l) the nature of the distortion: added to the origimd signal can be

categorised into two l'onns, deliurd as follows :

 

l. Forward harmonic
input signal. 'l'h

stonion. when: the distortion components are hannnnieally related to the
unnponcnts are given by the first tenns in the above cxpressrons.

 

Ito   Conihinatinnal folded back distonion, when: the distortion components are at frequencies e tred

around mltiplcs of the carrier frequency and therefore are non-hannonierdly related to the input

signth These components are given the second tenns of(l) and (2). -
  

 

’l'h distortion components that are of interest are those which fall within the pa and of the am-

plitien it lt'a function of the bandwidth of the output lowpass litter. ‘I'ypi " lly these would he forward

hannonie crunponents with frequencies given by nut. s an, and oomhinauonal components with fre—

quen es given by (m.-nm,)stu,., , where uh, is the break point of the output lowpass flth In

practice the finite rate of roll off of the filter also needs to be accounted for.

  

Referring to equations (I) and (2). a distinct difference in the frequency spectrum of the modulated

pulses of both natural sampling and unifunn sampling can be seen Natural sampling leads to zero

amplitude forward harmonics with all the distortion coming from the comhinalional components. In

contrast the u f uniform sampling results in the production of both forward harmonic and combi-

national distonion. However the amplitude of the combinational components are lower than those

ohlaiued when using natund sampling, A quaut . ve description is shown ill figure (9) which re-

presents an amplifier with a rrier frequency of I". sub ct to sinusoidal input of frequency I-'. . As can

he seen there is ensemble of distortion components which fall within the envelope ofthe lowpass filter

and therefore are not attenuated. The use of asymmetric uniform sampling produces only odd order

  

contbi 'Itional components, (F. — HF.) it odd, and also for symmetric uniform sampling th- addition
of t:\ n onler forward hanno 'c cornpoucuts aswcll, The uniform d natural sunpling processes

discus it! above nsult in a ditli ‘nt combination of font rd hanno d lortion and eouihi itional
folded ha; distonion and so ll 'hoi of sampling ‘hniquc is particularly important.
various factors which iulluenee this cho some of which are:
l:lland\ridth of the input signal.
2:.“qu iliug (carrier) frequency.
Moth on depth and the l iuuuu s

4.r\n|plitude response of the output low]
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The digital class l7 power npliIit-r proposed would ' _ carrier frequency of 44.l klll.
or Rat: klll. (an inte *r multiple of the "uttpliug frequency .ILI disc systems). I\II)' higher

would introduce es | prohlcn ‘ ted with the speed ofthc digital hardu' e and lso extra ener v
' s in the power output . has shown that at th se tennediate nier frequrue

thcr uniform or natural It in the best perfomian '1 his has led to I re consideration

of an enhanced sampling teeln nilar to th *
is contmll \Ie which c'ui . .uq. of limits hetw -n unifonn

depicted ' bed I onsidering .I
"'1 nd (If -t I respectively. The pulse width at time III is dem‘ed by the naturtd

sahnp ug of a Ira . on.fl.(!). of the origirud signal 1(1) between these samples . defined as
In tm’fi:

 

  

    

 

  

   

  

  

   
  

 

  

 

  

 

    

  

 

     
    

J;(I)=/((|—c)(I-n1)+n1) 05:5I (.1)
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Here the Variable c relates to the extent of departure tiflhis process from natural ~sampling. What
' .eru natural mtnpling ul‘taim-t altrntatiml selling 2 to unity

llC would dillirlllt lo impl “\‘lll this process exactly in i . I c,I
. he obtained fur the spectrum of the I'WM it prml
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.'nnplitig pr whic I the d 1ion tenns can he varied. in tln. \e by the lactot c. the
spectrum for the nut sampling proee. can he written in general lonn as:

m
_ * lelnfllnnznfl) _

I1!) = T")—snt(ml/2) «Minor! — Imus/Z)

H)
ZIIJ"(.tIn(m + nan/2))

«(In + nae)

 

n=l

+ Z Z sin((m + run/Z) 605(flfmvl) + mm! - nu lull)

,,,=. "a-..

It follows that wtling e = l forces the above expression: to that ofequation (I) and similarly setting
a = U reduees it to the fonn ol’equation (2), With intennediote values of c there is . tem y for the
forward hannumc distortion tcmts to increase with e and the eombinalional lentts to reduce wtth L.

  

Implementation of Enhanced Sampling

An approximate form of enhanced sampling is obtained when the digitised input samples are applied
to the Inuisfomtations given by equations (5) and (fit The timing of the trailing e of the pulse is
derived from the normalised samples S. inn! 5; ofthc signal and the sunpling period I. shown in figure
(7)I defined as 'I',. is given by :

 

S. + I

new“ ‘5’
Similarly for the leading edge, 1;, is given in lerms of the samples 51.5,

I - Sr ‘ 1/2 (6)P“ 2 — (howl—5,)

'Ihe values of 'I‘,. and 'I',; loaded into the digital counters which generate the pulse width modulation
are calculated from the sampled signal values in the digital preprocessor shown in figure (2). A single
eltip 'l'exas 'l'MSJZOlOElS device was used for this purpose in the prototype system. Since equations

(5) and (6) involve mathematical divisions 'lhey are implemented in the TMS software by a relatively
simple iteration pmwdure. This pmeedure which does not require fixed point division and can be
readily implemented in real titne by the digital signal processor. The procedure. derived from equations
(5) and (0) produces sequences and 72} for the k“ iteration in the following manner and can be
accomplished using integer arithmetic.

 

' “+0I” t:

 

(5': — Si) .1
Z )l

+ ((I ‘0 pl (7)

mid
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| _
I<A+u1,, =—

s —.t') ,
Mil—c)”: " Ht; (8)

    

d values of 'l',. and 1;; respectively alter approximately

= S .
The above equations com-erg~ In the re«

lit'e iterations from initial values 'I}'. = .5] and l)‘
  

 

Results

 

l'reiious work |-l| has indicated that will: apt design the power output s- of the cl- '5 l) amplifier

need not introdnci any gt: :c'un stnrtion components In the :nodu g signal. l'herefore dis-

Inrtini: tqu is protlurctl can be It to arise In" I: from the pulse width modulation conversion

' . 'i'hc [Csulla presented here are indicatwe of the distortion produced by the conversion

     
  

 

   The system under test ha carrier tit-quency of 44.1 kll: and is subject to sinusoidal modulation

with frequencies up In It) It! tiutput filtering " accomplished by a 6" order llutteni'nrth low

liltcr will: a hill point at ltl kll: in order In the maximum di union that would be produced

- -utplitudt~ of the sillllSUitla were chosen so 5 to set the ntodulatinn index et al to 0.9 which is

In a full power output Icst nfa convention- I linear power amplifier. gurcs (12) and (11') show

the lei-cl of total hannnnie distortion produced : function of the sampling factor 2 when usoids

will: frequent-it ol' 4. t-. H) and 20 HI: an: used ar the mod" tiug gualsc Figure (12) is ol :ined for

ampling technique described by clll tint: (4) wlterLas ligure (Ll) presents tlle dislunion

. The level of distortion ior ill klll mil 2" kill. input. :ppc rs Io

. grinds the power function

dilution of the mode-

   

  
    

   

 

Ilte iilcal
:::e.tsurul from the p .

be extremely high how

of frequency dec '3 at pproaitnatcly 6 decibels per octave. ‘

latinn inch at these higher frequencies which in turn redui.

index at It) klll. would nonnally be only 0.1 or less and ty wily 0.2 at ll) kl ll. resulting in distortion

levels some 20 dl) less th those shown in the figures. The adva Inge of the enhanced -unpling

technique over COIH‘CIIIHIII uuiliim: sampling can be see n of the level distort by up

to [hill at the lower frequencies. lt'tlte reduction nfmodulation index with incrc ing frequency is also

taken itttn account then an optimum value of e is seen to emerge lien: a value of: = 0.6 would I

in the best across the lxmd performance. It em: be seen that there is good agteement betwucn the : ezd

aitd practical implementation for the lll kl(z and 20 kllz results for all values of: and similarly for the

4 kHz and h kllz results from e = l down to 0.4. Below this value Ilte experimental results deviate

from those expected which has been identified as an additional thin! l::u'monic distortion component

as I: result of the linear :nterpolation approximation.

   

 

    

 

  

 

   

    

  

Conclusion

The digital implementation of a class 1) power amplifier has been considered together with a qualitative

description of the distortion such an amplifier would produce. An enhanced sampling process ltas been

shown which can to an overall reduction ofdislortion compared with man: convent: Hill sampling

techniques. The d nplcntentation of this technique. involving the use ofa diiy'trd signal processor,

has been discussed, lite use of the enhanced stunpliug technique has resulted in an acceptable per-

fonutuice being obtained from the full bandwidth system whiel: has a carrier frequcney of 44.l kllz.

This type of digital amplification is seen to have applications in PA and in-car audio systems
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