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Abstract

This paper presents a review on digital PWM (Pulse Width Modulation)
methods. The review is carried out by complexity comparison of various
modulation schemes. New methods introduced as Weighted PWM
(WPWM) and With Error Correction (WEE) are proposed for high
performance, easy to implement, modulator implementation. A newly
developed Digital PWM simulation platform for MATLAB (DPWMSIM)is
furthermore presented.



1. Introduction
The digital Pulse Modulation Amplifier (PMA) topology, also known as the
digital power amplifier, is appealing from a theoretical point of view in
applications where the source material is digital. As clarified in earlier
papers on the subject within the last decade, the non-linearity of the
switching power stage presents a significant impediment to maintain the
modulator performance throughout the subsequent power conversion by a
switching power stage.

The practical conversion of a digital PCM signal to a uniformly sampled
pulse width modulated signal (UPWM) is remarkable simple. Fig. 1 shows
an example system that converts the b bit represented input to a UPWM
signal at the carrier rate£c equal to the sample rate y:_of the PCM signal. It
is essential, that the conversion from PCM to UPWM is realized without loss
of information. The requirement for counting speed is a fundamental
limitation in digital PWM systems. Since audio systems operate with 16-24
bits and sampling frequencies of at least 44.1KHz, the necessary counter
speed in this direct implementation is orders of magnitude higher than
what can be realized in hardware. Solutions to this problem is an essential
topic of the paper.

Various modulator topologies are investigated in the paper through
comparative studies of previously presented modulator configurations. The
main objective is to ensure high modulator performance through simple,
cost effective, easy to implement algorithms.

This paper focuses on methods to reduce non linearities in terms of
harmonic distortion, which is one of the major limitations in digital PWM
since intermodulation distortion can be reduced to acceptable levels
through interpolation yet leaving the switching frequency within a desirable
range. Thus a DCU (Distortion Compensation Unit) is needed in the digital
modulator. Two novel DCU schemes are presented in the paper. Several
schemes based on a approaching the NPWM'in the digital domain has been
suggested, all of them involve divisions and extra signal interpolation. In the
general these well known schemes have an inherent limit to how Iow the
distortion can get. One of the two novel schemes Weighted Pulse Width
Modulation (WPWM) is designed to meet the inherent limit without
divisions through a very simple iterative process. The second scheme Width
Error Estimate (WEE) is an add-on algorithm designed to meet a desired
performance beyond the inherent level without using any extra
interpolation.
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2. UPWM analysis
The topic of the following is a fundamental tonal analysis of uniformly
sampled PWM. There are four fundamental variants of uniformly sampled
PWM defined in Table 1.

Sampling method I Edge Levels Abbreviation
Single sided Two (AD) UADS

Uniform sampling Three (BD) UBDS
(UPWM) Double sided Two (AD) UADD

Three (BD) UBDD

Table 1 Variants of Uniform Sampling

The UADS methods is illustrated in the time domain in Fig. 2. This variant is
chosen for illustration since single sided modulation is simple to implement
and commonly used in digital modulators.

The derivation of the DFS expressions is shown in detail in [18]. The
resulting DFSexpressions are given below.

DFS for UADS differential output
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DFS for UADD differential output
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DFS for UBDD differential output
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2.1 UPWM harmonic distortion

All components within the pulse-modulated output are summarized in
Table 1. Uniformly sampling results in both phase and amplitude distortion
of the fundamental. Furthermore, the output contains harmonics of the
input leading to a finite total harmonic distortion. A parametric analysis has
been performed on these important distortion characteristics of UPWM.

Metho n'th harmonic of signal m'th harmonic of IM-component mx -+ny

d carrierfrequency

UADS d,,(mrMq) I - do(mr:M) cos(mrr) d,,((nq + re)rrM)
nxq mlr (hq + m)rc

UBDS J.(mrMq)sin(-_) d_((nq + re)rrM) .....nrrq (nq + m)zr starT)

<:!u,,,::,,::,-q) .fsm (-Tq;m-¥ff sm(("+ n(l+ q') 2)sin(n 2)

Table2 Summaryof thecomponentsthatconstitutethe UPWMDFSexpressions.

Fig. 3 - Fig. 4 shows THD calculated as an RMS sum of the first five
harmonics vs. M and aB/;=201og(£,) for the UADS and UBDS cases. The

parameter space is chosen to represent worst-case conditions with maximal



modulation and high frequencies. For alt methods, THD is extremely
dependent on frequency and modulation index. In the worst-case situation,
none of the methods are sufficiently linear to honor the general linearity
demands as e.g. THD < -80dB. For M < -20dB, all methods are sufficiently
linear within the desired frequency range i.e. the linearity problems are
exclusively present at high modulation index.

The distortion characteristics of UPWM differ significantly between
methods. The maximal frequency ratios corresponding for below-60dB
and -80dB THD are:

UADS UBDS UADD UBDD

fr .... (THD<-60dB) -57 dBfr -36 dBfr -34 dBf,. -29 dBJr

fr ..... (THD<-80dB) -78 dBJ}, -46 dBfr -44 dBf,. -39 dBJ;

Such constraints on fr will generally exclude LJPWM from digital PMA
applications where high linearity is desired. It is desirable with a much
higher fr..... such that the natural limitation will be the HF-characteristics as

for NPWM. Only UBDD is close to honor these demands, given that up to -
60dB THD can be accepted. However this method introduce double sided
modulation which increase demands in practical implementation.

3. Enhanced digital PWM methods
The inherent problems within distortion in practical PCM-UPWM
conversion, has received much attention within the last decade. In the
following, these methods will be reviewed shortly and a method category is
selected for further investigations.

3.1 Interpolation and noise shaping (INS)topology
Digital signal processing in terms of interpolation and noise shaping [1]
preceding the actual PCM-UPWM conversion stage can provide certain
improvements to the digital PMA system. The topology is shown in Fig. 6.
The interpolation has several effects:
· The interpolation improves the linearity of the conversion process by

providing a considerably carrier frequency to bandwidth ratio.
· The effective oversampting of the signal opens for effective noise

shaping to reduce the pulse width resolution while maintaining
baseband performance.

· The increase in carrier frequencyy_ by interpolation will lower the
efficiency. On the other hand, demodulation will become simpler.



The interpolation factor is a compromise between modulator linearity,
dynamic range and factors relating to the power conversion as efficiency
and power stage linearity. Noise shaping is extraordinary useful in this
application, since the critical requirement for time resolution can be
reduced by orders of magnitude by remarkably simple means. Previous
research has shown [1],[9],[18] that re-quantization to 6-9 bits combined
with 8-16 times interpolation make a reasonable compromise that enables
baseband quality to be maintained with a simple noise shaper.

3.2 Improving modulator linearity

Whereas the simple topology of Fig. 6 provides a realizable system with
sufficient dynamic range, the constraints on interpolation factor will
generally lead to linearity problems within the worst case parameter space,
i.e. at high frequencies and high modulation indices. This was documented
above for all four UPWM schemes. Accordingly, methods to improve
UPWM linearity are desirable. The list of previous publications that address
this problem is extensive, e.g. [3],[4],[6],[5],[8],[9],[11],[17],[24]. The
methods fall into three categories, each realizing the objectives with
different degrees of success:
· Precompensation based methods, where the compensation methods

may be time-invariant or time-variant.
· Closed loop methods, where it is attempted to reduce the non-linearity

by a feedback loop around the modulator, or alternatively both the
modulator and power stage in the complete digital PWM amplifier.

· Methods using output emulation where the UPWM output is predicted
or emulated such that a digital feedback loop can be applied to correct
for it before the UPWM process.

This paper focus on precompensation methods since system configuration
is remarkably simple. Fig. 7 visualize the complete PCM-PWM system
configuration including interpolation, compensation using a Distortion
Compensation Unit (DCU), Noise Shaping and UPWM.

Various DCU schemes for minimizing distortion has been presented in
papers during the last decade. The specific aim of several schemes has been
low distortion at any cost. This paper addresses only reasonable solutions
given the fact that DCU algorithms must be made for easy implementation
on custom designed circuits involving only few multiplications and
summations. In this paper modulator performance in terms of distortion is
held at a desirable level thus optimizing the modulator to meet this level
using only absolutely necessary means to archive the desired distortion
performance.

6



4. Hybrid schemes
The hybrid schemes aim to approximate NPWM in the digital domain. The
reason for this approach in modulator construction is the well known fact,
that NPWM does not produce input related harmonic distortion thus
offering close to linear modulation. Two methods have been well
documented and highly regarded in earlier publications. These two
methods are known as Linearised PWM (LPWM)[6],[7],[10],[18],[24] and
Pseudo Natural PWM (PNPWM)[2],[3],[4],[11].

The analogy between NPWM and LPWM is visualized in Fig. 8 along with
UPWM. The difference in pulse edge placement is known to be the factor
determining the level of harmonic distortion. The closer to the precise
NPWM cross point between carrier and input signal the lover harmonic
distortion. The cross point derivation in each of the hybrid schemes and
NPWM is summarized in Table 3.

Modulation Scheme Cross point derivation
NPWM (Analog) Continues Comparison
UPWM (Digital) Proportional
LPWM (Digital) Linear approximation

PNPWM (Digital) Polynomial approximation
WPWM (Digital) (New Method) Iteration

Table3 CrosspointderivationmethodinPWMmodulators

LPWM performance is simulated in the middle sub figures of Fig. 13 - Fig.
15 showing significant improvements over UPWM simulated in the top
figures. The initial analysis above focused on the absolute worst case
situation with full-scale modulation and the worst-case frequency ratio. A
parametric investigation of distortion as a function of modulation index and
frequency is investigated in the following. It is interesting to notice that
THD is close to linearly dependent on the frequency ratio /;. A similar
characteristic was found in the investigations of UPWM. The THD is seen to
improve 10-15dB with each step in approximation accuracy. Multiple
sample values are found through extra interpolation on the input of the
DCU. Approximate maximal frequencies rations where THD < -80dB at full
modulation depth are summarized below.

Samples LADS LBDS LADD LBDD
1 -78 dBfr -46 dBfr -44 dBJr -39 dBfr



2 -42 dBJ,. -41 dBf,. -41 dBJ} -34 dBJr

3 -36 dB};. -36 dB}; -35 dBfr -35 dBJr

5 -31 dBf,. -30 dB};, -30 dBJ_ -30 dBfr

Table 4 Frequency rations at THD<-8OdB for LPWM

Clearly LPWM makes it possible to implement practical ?WM modulators
since these frequency ratios in genera[ are realizable.

4.1 New method - Weighted PWM (WPWM)

This article presents a new hybrid method named Weighted PWM
(WPWM). This new DCU method WPWM can be categorized under the
hybrid schemes as a strong alternative to LPWM and PNPWM. The focus
factor in this work is the complexity of the algorithms. UPWM is by far the
simplest digital PWM method since nothing is done to compensate for
harmonic distortion. LPWM is simple, but involves a single division in order
to derive the cross point. PNPWM is even more complex involving several
divisions and complex root finding methods. The crucial point in
calculations are divisions since such operations takes up many bit
operations compared to summation or multiplication. The WPWM objective
is to approach NPWM in the digital domain using only absolutely necessary
means of calculation complexity thus leaving out divisions in the algorithm.
Since divisions are not wanted the new modulation method WPWM is

considered the better choice involving only a few summations and
multiplications to reach its inherent level of non linearity at LPWM
performance.

4.1.1 Principle
The WPWM idea is illustrated in Fig. 11. In this figure the same continues
signal is seen with three different offsets. The cross point between the
signal and the carrier corresponds to the NPWM ideal pulse width. The full
line is the usual UPWM cross point derivation in each case. The dashed lines
are backwards UPWM using information from the last sample in the period
instead of the first. The dotted lines are a weighted cross point derivation
based upon both samples in the period for each of the three offset
scenarios. Three observations can be made

1. The UPWM error is smallest at small cross point values
2. The backwards UPWM error is smallest at high cross point values
3. Weighted cross point error is distributed equally around the middle.

The main conclusion which can be drawn is the fact that the weighted
cross point derivation in average leads to closer to ideal pulse edge
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placement. This conclusion forms the base of interest in further weighted
PWM investigations. The first and second sample, x_ and x2, in each
switching period are transformed from sample values to proportional cross
point times c7and c2by:

4x)= O.Sx+o.s
(5)

c, = c(x,,)
c2 =c(x,+,)

This transformation maps the input samples from [-1;1] to [0;1]. A
weighted iterative expression:

t i,,,+l = c I(1 - tp.,)+ c 2lp.,

tp,,+ I = C1 + tp,, (C 2 -- CI ) (6)

is formed where ti, is the ith guess on the approximation to the ideal time.
This iterative expression is build on the observations above. When the cross
point time is small cl is weighted mostly whereas c2 is weighted most at
long cross point times. The iterative process is carried out by successive
insertion into the iterative expression

lp,t+ I =C I +tp,jk

tp,i+ 2 = c I + (c I + tp.,k)k (7)

tp,,+3 = c I + (c I + (c I + ti,.,k)k)k

where, k = c2 -- C1,leading to the general expression after N iterations

N-1

Il,,N = _]clk _+tp.o kNJ=o (8)

The initial guess to is chosen to be c_ thus reducing the iterative expression
to

N

tp, N =ZCl kt,:o (9)



Which is the simple algorithm that forms the base in WPWM
compensation. The inherent level of distortion can be found at the level of
LPWMsince the summation convergestowards

lp,_ =ZCl k_ +0= Cl ¢:;"]-k (lO)

CI X I

t p,_ -- 1 -- C2 -- CI -- t t'PlI'^4 2-- X2 + X I

and the convergence expression corresponds to the known expression for
trailing edge LPWM. Convergence is independent upon the initial guess
since Ikl<l.Simulations with DPWMSIMwill show that LPWMperformance
in terms of total harmonic distortion (THD)can be reached with only a few
iterations.

The WPWM derivation here is based on trailing edge modulation. But the
opposite leading edge modulation is just as simple. As in LPWM extra
samples can be applied using extra interpolation thus approximating closer
to the idealcrosspoint time.

Close studies of the WPWM convergencetowards LPWM can be done by
comparison of cross point times. The number of iterations to reach 16 bit
accuracyfor the three scenariosare summarizedin Table 5 where Rapt isthe
optimal number of iterations.

Modulator fc = 352.8kHz fo= 512.8kHz fo= 705.6kHz [
Nopt 5 3 3 I

Table5 Optimal iteration levelsat three carrier frequencies

In real life however the precision does not need to be 16 bit accuracysince
exact LPWM pulseedge placement leadsto harmonic distortion anyway. A
rule of tomb could be "there is no need for higher accuracythan the value
of THDmax". Thisrule leadsto the conclusionthat IV=2 is sufficient in any of
the three casesas THDma×is limited to the valuesof LPWM.The algorithm
for correction at 2 iteration levelsis:

tp,2= q(1 +k+k2) (11)
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4.1.2 Simulations

The inherent level of worst case total THD, THDmax, for LPWM and WPWM
is given in Table6 for three interesting carrier frequencies.The audioband is
defined to the range of frequencies within 0Hz to 20kHz. A modulation
depth of M=0.9 is considered worst case here. Worst case in terms of
harmonic distortion is present when modulating a 6.66kHz signal as 3rd
harmonic just lies within the audioband at 20kHz. It is characteristic that
LPWMNVPWMespecially reducesdistortion due to even harmonichs. Table
4 is based on simulations with DPWMSIM. Simulation results can be found
in Fig, 13 - Fig, 15. Dynamic range is another important issue that is
treated extensively in [18]:

Modulator Carrier frequency fc THDm.x Dynamic range D
LPWM/ WPWM 352,8kHz <-68dB 104dB
LPWM/ WPWM 512,8kHz <-68dB 111dB
LPWM/ WPWM 705.4kHz <-80dB 116dB

Table6 inherent levelof Total HarmonicDistortion in LPWM

5. Non-linear compensation methods
A modulation topology suited for the precompensation system
configuration was presented in [17].

5.1 Principle
From here on this method is called Static Filter PWM (SFPWM) since it is
based on a number parallel static filters designedto compensatefor UPWM
non linearities.The term "static" can be misleading as the filter structure
has a dynamic nature since non linear higher order terms are dynamically
calculated based on the sample values. On the contrary there aren't any
dynamic table look ups which is known to be the degrading factor on
system performance in other modulation topologies [5], [11], The parallel
filters are basedon Tailor Developmentsof UPWMmodulation and fitted to
directly compensatefor non linearities by cancellationof higher order terms
in the modulation. In theory this method can cancel out all input related
harmonic distortion, In a real PCM-PWM system using SFPWMhardware
constraints on cost wilt set a limit to modulator performance,

5.2 Simulations
To keepcalculations on a reasonablelevel the highest filter order is kept at
3 as calculationcomplexity increaseaggressivelywith filter order. The filter
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structure for simulations in the present paper is shown in Fig. 10.
Simulation results produced in DPWMSIMcan be seen in Fig. 12 for three
different carrier frequencies. The results will be used for comparison
throughout this paper. Simulations show that SFPWM compensation
especially reduces harmonic distortion due to even harmonics. Thus 2 nd
harmonic is the one contributing mostly to the THD.

6. Modulator comparison
The three carrier frequency scenarios are treated through comparison
between UPWM, SFPWM, LPWM and WPWM using only 2 iterations in
WPWM.

Table 7 comparescalculation complexity in terms of arithmetic operations.
The calculation complexity does not changewith carrier frequency.WPWM
is seen to have the lowest complexity since4 multiplications in general are
far lessdemanding than 1 division.

Modulator Addition subtraction multiplication division
UPWM 1 0 1 0
SFPWM 5 1 5 0
LPWM 2 1 0 1
WPWM 4 1 4 0

Table 7 Comparison of calculation complexity for modulators

The transformation from sample value to pulse time is included in the
calculation complexity.

Furthermoretimedelays hasto be used in SFPWMwhich is not the caseen
either of the other algorithms.

Fig. 13 - Fig. 15 show the simulation results.The upper sub figure displays
simulation without correction UPWM. The middle figure shows LPWM
simulation and the bottom WPWM using 2 iterations. The simulation
figures are obtained usingthe following simulation parameters:
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· 24 bit input
· 8 bit output
· FFTlength= 16834
· 5 orderFIRtypeNoiseShaper

Simulation results are summarized Table 8:

THDmax/Dynamic range f¢= 352.8kHz fo= 512.8kHz fo= 705.6kHz
UPWM -31dB/104dB -33dB/111dB -37dB/116dB
SFPWM -63dB/105dB -69dB/111dB -80dB/115dB
LPWM -68dB/104dB -73dB/llldB -80dB/116dB

WPWM (2 iterations) -68dB / 104dB -73dB / 111dB -80dB / 116dB
Table 8 Worst case THD performance for modulators

AS can be seen from the figures there isn't any noticeable difference in
THDmax between LPWM and WPWM. SFPWM is seen to offer slightly worse
performance. All modulators however (besides UPWM) will implement high
quality digital modulators since results are given in the absolute worst-case
situation.

7. New Method - With Error Estimation (WEE)
A alternative new method, Width Error Estimation, is presented below. This
method should be seen as an expansion to WPWM, and is designed to
realize an even lower THD level at higher frequencies for very demanding
applications. The aim isto reach-80dB yet keeping carrier frequenciesat a
desirable 352.8kHz.

7.1.1 Principle
The WEEalgorithm works as an "add on" schemeintended to apply further
correction after initial correction with a known modulation method. The
general idea behind the WEEmethod example in this paper is studiesof the
pulse timing difference between LPWM and a high resolution digital NPWM
reference. In this case the objective is to find a simple function to apply
extra correction to LPWM or alternatively WPWM.

Fig. 16 displays the timing error of LPWM in comparison to NPWM and a
function

E(n)= k xl *lA xI (12)
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