This document is downloaded from DR-NTU (https://dr.ntu.edu.sg)
Nanyang Technological University, Singapore.

A micropower low-distortion digital pulsewidth
modulator for a digital class D amplifier

Bah, Hwee Gwee; Chang, Joseph Sylvester; Li, Huiyun
2002

Bah, H. G., Chang, J. S., & Li, H. (2002). A micropower low-distortion digital pulsewidth
modulator for a digital class D amplifier. IEEE Transactions on Circuits and Systems-II:
Analog and Digital Signal Processing, 49(4), 245-256.

https://hdl.handle.net/10356/91303

https://doi.org/10.1109/TCSII.2002.801407

© 2002 IEEE. Personal use of this material is permitted. However, permission to
reprint/republish this material for advertising or promotional purposes or for creating new
collective works for resale or redistribution to servers or lists, or to reuse any copyrighted
component of this work in other works must be obtained from the IEEE. This material is
presented to ensure timely dissemination of scholarly and technical work. Copyright and
all rights therein are retained by authors or by other copyright holders. All persons copying
this information are expected to adhere to the terms and constraints invoked by each
author's copyright. In most cases, these works may not be reposted without the explicit
permission of the copyright holder.

Downloaded on 23 Aug 2022 16:39:50 SGT



IEEE TRANSACTIONS ON CIRCUITS AND SYSTEMS—II: ANALOG AND DIGITAL SIGNAL PROCESSING, VOL. 49, NO. 4, APRIL 2002 245

A Micropower Low-Distortion Digital Pulsewidth
Modulator for a Digital Class D Amplifier

Bah-Hwee GwegMember, IEEEJoseph S. Chang, and Huiyun Li

Abstract—We describe the design of a micropower digital « Amplitude difference between two successive uni-
pulsewidth modulator (PWM) for a hearing instrument Class D form PWM sampled points.
amplifier. The PWM embodies a novel delta-compensationdC) ¢ Amplitude difference between natural and uniform

sampling process and a novel pulse generator. Th€C process is

sampled at the same low rate as reported algorithmic sampling PWM sampled points.

processes and it features a similar low total harmonic distortion ¢ Variable sampling factor for the linear interpolation
(THD). Its arithmetic computation is however, substantially sim- algorithm.

plified. We analytically derive the double Fourier series expression 6 Phase shift of the carrier signal.

for the 6C process and show that the THD is low. The pulse ¢ Phase shift of the input modulating signal.

generator is based on a hybrid 9-b counter 3-b tapped-delay-line. p(g $#) PWM pulse amplitude function.
We investigate the compromise between the different design (9’(7) Pulsewidth function
) .

parameters that affect its power dissipation and THD. The . .
complete proposed PWM features a simple circuit implementation Qr(6,¢) Transformed pulsewidth function.
(small IC area), micropower low voltage operation &22.1 W @

1.1 V), low sampling rate (48 kHz) and low harmonic distortion

(~0.2%), thereby rendering it suitable for a practical digital I. INTRODUCTION

hearing instrument. We verify our design by means of computer

simulations and on the basis of experimental measurements. CLASS D AUDIO amplifiers (amps) have gained pre-
ponderance over their linear audio amp counterparts,

Index Terms—Class D amplifiers, delta-compensation{C), dig- . ) N
ital signal processing process, hearing instruments, pulse gener-€-9-, Class A, B, and AB, in particular for hearing instruments
ator, pulsewidth modulation, sampling process. (hearing aids). In this application, the critical parameters
include low voltage (1.1-1.4 V) and low poweg{ mA)
operation and small physical size [small integrated circuits

LIST OF SYMBOLS (IC)] for aesthetic considerations. The Class D amp can be

B Pulse duration in the absence of modulation. advantageously applied because when appropriately designed,
H Amplitude of the PWM pulse. it features high power efficiency (of the order of 90%) over a
Jn Bessel function with orden. wide modulation index range (signal swing) [1] or where the
k Ratio of zero-input duty cycle of the input signal tocrest factor is large (e.g., 15 dB). This efficiency is important
the ideal 50% zero-input duty cycle. as most of the power budget for a digital hearing instrument is
M Modulation index ¢ < M < 1). allocated to the complex signal processing, for example noise
m Carrier harmonic index. reduction [2], as opposed to signal conditioning. In a digital
n Modulating signal harmonic index. hearing instrument application, a digital Class D amp directly
Q Amplitude of the sinusoidal input modulatinginterfaces to the digital processor, thereby eliminating the need
signal. for a digital-to-analog converter.
S Current uniform PWM sampled point. A typical digital Class D amp, as depicted in Fig. 1, com-
So Next uniform PWM sampled point. prises a pulsewidth modulation (PWM) process, an output
Sns Current natural PWM sampled point stage, and a low-pass filter stage. The PWM process involves
tp PWM pulsewidth. two steps. The first step is a sampling process to determine the
r Samplmg period. o digital value of the PWM pulsewidth equivalent to the instanta-
Ve Amplitude of the carrier signal. neous amplitude of the input modulating signal sampled with
Ws Modulating signal frequency. a carrier. The second step is the PWM pulse generation that
We Carrier frequency. _ generates the pulses that correspond to the digital value of the
p Ratio of the carrier frequency to the input modu

sampling process. The output stage is a cascade of inverters
whose final transistors have a lar§é/ L ratio to obtain a low
output impedance, typically:30 €2, to drive a subminiature

Manuscript received November 29, 2001; revised May 18, 2002. This paryecelver (loudspeaker with a typical impedance of less than

was recommended by Associate Editor D. Garrity. This paper was presené@O ). The low-pass filter attenuates the carrier frequency
in part at the IEEE International Symposium on Circuits and Systems, Sydnegmponents (pulses from the pulse generator), thereby re-

Australia, May 6-9, 2001. trieving a continuous-time output signal corresponding to the
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The authors are with the School of Electrical and Electronic Engineerinai ital | . | licati . b ibl
Nanyang Technological University, Singapore 639798, Singapore. gital input signal. In some applications, it may be possible
Publisher Item Identifier 10.1109/TCSI1.2002.801407. to drive the loudspeaker directly from the output stage. This
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Fig. 1. Digital Class D amplifier.

filterless design [3], however, requires a high sampling rateequency, simple hardware, micropower operation and low dis-
(~250 kHz) or equivalently a high carrier frequency and i®rtion (~0.2%). The proposediC sampling process is clocked
hence less appropriate for a power sensitive hearing instrumanthe same low rate as the uniform and reported algorithmic
application. sampling processes, and features THD similar to reported al-
The three PWM sampling processes commonly used in a d@gprithmic sampling processes. Its primary advantage, however,
ital Class D amp are natural, uniform and algorithmic-baségl the substantially simpler arithmetic computation, resulting
processes. The natural process emulates its analog counterpample hardware and micropower operation. We analytically
[4] and requires a very high clock frequency (e.g., a 48-kHgerive the double Fourier series expression forsiesampling
sampling rate with 12-b resolution requires a 48 kikl2!2 process to evaluate the extent of the harmonic distortion,
~ 200 MHz) for high resolution. In practice, however, a loweand show that the THD is low despite the simple arithmetic
sampling rate (e.gv512 kHz) is used, primarily for power con-computation and low sampling rate.
siderations. The uniform process offers a simpler design pri-The proposed pulse generator is based on a 9-b counter 3-b
marily because it does not require any digital PWM sampliffigpped-delay-line. We investigate the different design parame-
[5]. However, it is well established that this process exhibiters that affect the power dissipation and THD, and show that
high total harmonic distortion (THD), of the order of 2% (als& 9-b counter 3-b tapped-delay-line is an appropriate design
see Section IV later), and is generally avoided. Examples of @@mpromise.
ported algorithmic-based processes include linear interpolatioVe verify our PWM design and analytical derivations by
[5], noise and ripple shaping [6]A3: [7], and logan [8] algo- computer simulations and on the basis of experimental mea-
rithms. The hardware requirement of these algorithmic-basgdrements. We show that our design is suitable for low voltage
processes is relatively complex and in many cases, the powgropower applications including hearing instruments.
dissipation is somewhat prohibitive for a hearing instrument
application. II. 6C PWM SAMPLING PROCESS

The reported methodologies to generate the PWM pulge Review of Digital PWM Sampling Processes

signals in a digital PWM include the fast-clock-counter-based _ . _ . .
In this section, we briefly review the reported sampling pro-

pulse generator [9], tapped-delay-line-based pulse generato

[10] and a hybrid counter-tapped-delay-line-based pu|§§5595 and their associated harmonic distortions. This brief re-

generator [11], [12] termed “hybrid pulse generator.” Thylew serves Fo provide benchma_rks for the propoi(éoroces_s.
fast-clock-counter-based method requires a high frequenc |g._2 depicts how the pulse_W|dths_ _Of the natural and _unlform
clock and is therefore less appropriate for a low power appﬁ- mP"”g Processes (both be_lng trailing edge mo_dulat_lons) are
cation. Although the tapped-delay-line method eliminates tﬁ)@tamed. In this d_|agram, point A along the abscissa tlme_aX|s
need for a high frequency clock, it instead requires a del referenped as time N 0 and.the magnitude of the carrier
locked-loop (DLL) circuit for accuracy. However, as a digita| norm_allzed .to 1 un_lt with point F referenced as the initial
DLL requires substantial computation, the tapped-delay-lir?@ro p.omt. By inspection, the pulsewmhil;l(NS) of.the natural
method is also less appropriate for low power applications. ﬁq\mpllng Process can be Obtam?d by simple tr_|gonometry and
some cases, an analog DLL is used but this circuit realizatif?nShO\,"’n in (1); we will later F’e“"e the pulsewidth of ot

has poor tolerances due to the variations in the fabricatiGAMPIINg process for comparison

process. Although the hybrid pulse generators can potentially AC  Sys

circumvent the disadvantages of the former two methods, T T

reported designs suffer from other shortcomings. For example, = t,(NS)=AC =T- Sys (1)
» = = ’s-

one method [11] requires a stringent operating condition

for some transistors to operate in the linear region to liMfiheres ¢ is the magnitude of the natural sampled point. Sim-
dl_stort|_0_n. Another method [12] requires a fabrication Proceggrly, the pulsewidth of the uniform sampled process is
with critical parameters.

In this paper, we describe a low voltage (1.1-1.4 V) mi- t,(US) =T - 5. @)
cropower &22.1 uW) digital PWM [13] embodying a novel
delta-compensationéC) sampling process and a novel hy- Itis well established and apparent here that there is substan-
brid 9-b counter 3-b tapped-delay-line pulse generator. Otigl time variation between the pulsewidths of the natural and
proposed PWM design circumvents the shortcomings of thaiform sampling processes. An alternative viewpoint to com-
reported techniques, in particular, it features low samplinmare these processes is to review their well established double
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Fig. 2. Natural, uniform, linear interpolation ad€ sampling processes.

Fourier series expressions [4] given in (3) and (4). We will later

Jore) Jn (nﬁ/\‘/hus ) 9 1
derive a double Fourier series expression for @rsampling Fys(t) = k—z % sin <nw5t— TR —%)
process for comparison n=1 we We
>, sin(mw.t) — Jo(mar M) sin(mw.t— 2mrk
4 3 sinfmct) = Jo(mor M) sin(ms )
m=1 mm

M o
Fns(t) =k + ?cos(wst) + Z i f J, [(mwc —i—nwg)ij,\ﬂ
m=1

sin(mwt)  Jo(mrM) . Tiin (mwenws)

. - sin(mw.t — 2mnk)
mm mm . 27k nw

- - sin [(mwc + nws) <t — —) — —} . (4)

_ Z Z m7rM We 2
Equation (3) for the natural sampling process can be inter-

1 n=%£1 . .
e preted as follows. The first terrh is the dc component of the

nmw
- sin (mwct + nwst — 2mwk — 7) (3)  resultantPWM output and is of no consequence asiitis easily ac-
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Fig. 3. Digital hardware implementation for ti€ sampling process.

commodated. The second term represents the input modulasampling point is obtained, and this delay is of no consequence
signal. The third term corresponds to the carrier and its asso-audio applications.

ciated harmonics, and is effectively attenuated by the low-pasdNe shall now describe our nov&C algorithmic-based PWM
filter in Fig. 1. The last term represents the modulating signeampling process [13].

and its harmonics intermodulated with the carrier and its har-

monics, and are normally negligible. It is well established [43. ProposedC Algorithm

that the second term depicts that theoretically, there is no sign
harmonics in the natural sampling process, that is zero TH
Despite this advantage, the major shortcoming of this proc
is that in practice, a high over-sampling ratio is required [5] f

precise sampling as described earlier. i . ) .
. . . . s, Sys = S1 + 8, note thatS s and .Sy refer to the magnitude
In (4) for the uniform sampling process, the first tekris the of these sampling points with reference to the initial point F. In

dc component and is S|m|_larly of no consequence. The_seco& er wordsg is the amplitude difference between the natural
term corresponds to the input modulating signal and its h Ad the uniform sampled points

monics, and is the source of the large harmonic distortion. T e can estimaté easily. We first approximate the input
third and last terms are similar to those in (3) and as describr% dulating signal arcs, S .by a straight line AG, refer to
earlier, these terms are of little consequence in practice. Fig. 2. We further apprlojimate to be equal tos ,and this

A reported methodology that partially circumvents the shor&— proximation is accurate if the PWM sampling frequency is
comings of the natural and uniform sampling processes is thel%ﬁ)

o . . . uch higher than the input modulating frequency. This is in
gorithmic linear interpolation (L1) process [5]. The pulseV\”dﬂi’act the gase for hearing i?lstruments Wgere ('jhe PV)\//M sampling
t,(LI) of this process is obtained through an interpolation be-

; . S . ?requency is typically 48 kHz or higher and the maximum
tween sampled pqlntgl and S depicted in Fig. 2, and is de- ;1,4 input modulating frequency is usually limited to 6 kHz.
scribed as follows:

« is the amplitude difference between the sampled pdihits
1+.5; and S., and is a known quantity. A pair of similar triangles is

a‘ll'he objective of théC process as in other algorithmic-based

rocesses is to obtain a pulsewidth that is close to the natural
Sa%npling process, but with a substantially reduced sampling

Yhte. With reference to Fig. 2, we do this by estimathghat

tp(LI) :Tz +(1—&)(Sy — So)’ —lsVesl now formed between the time interval ac and amplitddand
or g AE anda, that is
tp(LI) =T - ,  0<V.<1. (5 §  AC AC
1+(1—-e)(51 -85 APl PR lnhd
(1 —e)(S1—52) ~ R T oRaLg (6)

The main advantage of this process is a low sampling fr\(/av'here AE is the known sampling periad

guency requirement which is the same frequency as the uniforml_ . . - .
; e . . 0 determine ac, we note that another pair of similar triangles
sampling process. Although the harmonic distortion of this sam

pling process is significantly better than the uniform samplin? formed between_triangles FANB and FJH, yielding AB/AD
process (see Section V), its major shortcoming, as evident frorh/SQ' We now estimate, (5C) ~ #,(NS) as
(5), is its algorithmic complexity. This is because this process , AB4+AD

requires a division operation and the computation to determine AC = 5 = AC ™
e. As a result, the hardware is relatively complex. The other o .
reported algorithmic-based sampling processes [6]-[8] Suﬂxgper_e time intervals AB and AD_ are proportional to the known
from similar shortcomings. Itis probably instructive to note thaqmp“tUdeS_oﬁl andé}, respectively. .

in these algorithmic-based sampling processes, the PWM outpultj’y substituting (7) into (6), we obtain

is obtained after one clock (sampling period) delay. This is be- 5 (AB 4 AD)/2 (51 +55)/2

cause the present pulsewidth is computed only after the next RaT—— (52 — Sl)f (8)
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6,: corresponds to S,

8,: corresponds to S,

6,': projection by S,

T ; 0 1 i ; 8y corresponds to S,
H
l 0
Fig. 4. Spectral analysis by double Fourier series.
Hence, the pulsewidth of th&C process is dientl/p = w,/w.. The pulse amplitude functioA'(¢, ¢) is
(S1 + 52) defined by
t(6C) R T(S1468) =T <51 +(Sy — 51)¥) . H, 0<(0—|0lor) < Q6, ¢)
2 F(0, ¢) = . (10)
9 0, otherwise

From (9) and from the example in Fig. 2, we remark thayhere|d|,, denotes the nearest multiple2sf less than or equal
t,(6C) more closely resembleg(NS) thant,,(US) and the com- to 4, Q(6, ¢) is determined by the input signal and the type of
putation to obtairt,(6C) is very simple. The example in Fig. 2PWM sampling, and? is the height of the wall (or amplitude
pertains to a part of the input modulating signal that has pastthe PWM pulse) and is usually normalized to uni§(é, ¢)
itive gradient. We make the same observation when the ingekes the form of an infinite series of parallel walls placed at
modulating signal has a negative gradient. Note that as in otheiriodic intervals o2z along thef-axis. In Fig. 4, for the’C
algorithmic-based sampling processes, the PWM output of t§@mpling, the pointé; and#é,, respectively, correspond to the

6C process is also obtained after one clock delay. sampled points; andsS; in Fig. 2, and can be represented as
We show in Fig. 3 the block circuit diagram to realize the 6, = B+ Qcos o

simple arithmetic operation of t&€ process expressedin (9). In ' '

Section 1V, we will report the simulations and practical measure- 02 =B + Qcosdz (11)

ments of théC process based on the circuit diagramin Fig. 3. whereB = 27k and@ = M.

Following the double Fourier series analysis given in the Ap-
C. Spectral Analysis fofC Sampling Process pendix, we derive the resultant double Fourier series expression
for the 6C single-sided trailing edge PWM sampling process

In view of the simplicity of theéC sampling process, it is .
view implicity pling p it i e Fig. 5) as

instructive to analytically determine the extent of its harmon@e
distortion. We will apply the double Fourier series [4] and [14] — S~ welon . 2nmkws -
on the§C PWM output signal for a single-sided trailing edge bel®) =k =3 Qwynm2 N1 we .
PWM of a cosine input modulating waveform. The three-di- [ m=t

IrnO
mm?

mensional geometrical representation [14] of the PWM signal
can be simplified to a two-dimensional representation [4] de-
picted in Fig. 4. In Fig. 4, the ordinate represents the phase © i L
shift of the input modulating signal = wst, in the period of - Z ol el o
27. The abscissa represents the phase shift of the carrier fre- m=1 n—t1 2 (m + T) g

quency,f = w.t, and line AA corresponds to the path of the

PWM sampling contour passing through the origin with gra-

sin(mw.t — 2m7rk)}

2nmwhw,

} (12)

- sin [mwct + nwst — 2mak —
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A =B+ Qcose

Fig. 5. Detailed illustration of théC single-sided trailing edge PWM sampling.

where We interpret (12) as follows. The firstterm, asin (3) and (4), is
2w ' the dc component. The third term corresponds to the carrier and
Iy, = / ¢TIn® i (nQ/p) cos @ its associated harmonics. The fourth term represents the input
0 B 9 modulating signal and its harmonics intermodulated with the
- exp <j” Q sin “r sin @) carrier and its harmonics. As explained earlier, these third and
2pm p fourth terms are of little consequence in practice. The second
<, nBQ . ,m ) term comprises the modulating signal and its harmonics, and is
~exp | J sin® — cos @ S f
pT p the source of the harmonic distortion.
nQ? | 4w | To evaluate the extent of this harmonic distortion, we note
" €Xp <‘7 S~ S 2‘1’> that the integral term in the second term of (12) is a complex
Q2 o term comprising real and imaginary components. As this term
- exp <j— sin® =~ cos 2<I>> dd appears to be mathematically untractable, we can employ the
) dpr p numerical integration method to determine the magnitude of the
o= / T imQcosd <,.mBQ 2 <I>> individual signal harmonics, and eventually determine the THD.
mo = [ exp | J Sin Sin . o .
o 7 p To appreciate the extent of the harmonic distortion ofé&@e
mBQ _ ,w process, we now compare the THD of #@ sampling process
€xp <J o » cos ‘1’> in (12) with that of the second term in (4) of the uniform sam-
mO? . pling process. We present in Fig. 6 the THD of #i@and uni-
exp <j sin — sin 2@) form sampling processes, respectively. On the basis of Fig. 6,
) 4 we remark that the harmonics of th€ sampling process is
exp <j me) sin? 2n oS 2q)> dd substanual!y sm.aller than that of the uniform sampling process.
p As a case in point, fodd = 0.9 andp = 48, the THD of the
CL ® ) n 6C PWM sampling process is approximately 23 times (27 dB)
Lon = / e " exp <—‘7 <m + —> Qcos ‘I’> lower than the uniform sampling process. In Section IV, we will
0 BO o make further comparisons between the propagedampling
exp <J <m + —) 5, Sin " sin <I>> process and the other processes.
p

B
_Q sin? w oS <I>> I1l. PROPOSEDHYBRID PWM PULSE GENERATOR

) 5 We show in Fig. 7 our proposed 12-b hybrid pulse generator
) Q sin ar sin 2@) comprising a 9-b counter and a 3-b tapped-delay-line; the reason
™ for this partitioning is described in Section IV. The 12-b data
is partitioned into a 9-b most-significant portion (MSP) and a
) 3-b least-significant portion (LSP) and they are, respectively, the
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Fig. 6. Theoretical THD comparison between @& and uniform sampling processes.
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Fig. 7. Hybrid 9-b counter 3-b tapped-delay-line PWM pulse generator. Timing diagram of the hybrid PWM pulse generator. (a) 24.576 MHz clggk signal
(b) SET signal to start the PWM pulse By . (c) Zero-detector output. (d) RESET signal to end the PWM pulse by the multiplexer output. (e) PWM output
comprisingt,1 generated through the 9-b counter apél through the 3-b tapped-delay-line.

inputs to a down counter and a tapped-delay-line. The tappédidhet,; of the PWM pulse is determined by the MSP apglis
delay-line is simply a cascade of seven CMOS inverters.  determined by the LSP. The PWM outputis set high on the rising
The timing diagram in Fig. 7 shows how the PWM pulsegdge of fsw and the down counter will commence counting
t,, Is generated from the proposed hybrid pulse generator. Tdh@vn the 9-b data to zero. When the count reaches zero, the
sampling clockfsyw and the counter clockcrk for the down 3-b tapped-delay-line is initiated. In this LSP, the 3-b tapped-
counter are set at 48 kHz and 24.576 MHz, respectively. THelay-line is divided into eight equal clock periods and is se-
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-~ Uniform sampling
—— Delta-Compensation sampling
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-sv— Natural sampling
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Fig. 8. A comparison of THD on different PWM sampling processes at different modulation indexeBhe fundamental frequency is 1 kHz, resolutien
12 b, sampling frequencfsw = 48 kHz.

lected by an 8 : 1 multiplexer whose output depends on the valuéNe note from Fig. 8 that the THD of th&C sampling process
of the LSP. The overall PWM pulsewidty = ¢, + t,2 is is low (average= 0.1%) over the full modulation index range
equivalent to the 12-b digital value determined by the samplirrgnd is substantially better than the uniform process, and is
process. slightly worse than the linear interpolation process; note that
We adjust the propagation delay of the tapped-delay-line e have choser of the linear interpolation process for the
selecting the appropriate aspect ratio of the transistors of thest possible condition, i.e., for its lowest THD. It is, however,
CMOS inverters. The variation of the delay time for a tappedvorthwhile reiterating that this is achieved with much simpler
delay-line to afirst-order depends on the tolerance of the capaaiiithmetic computation [see (9)] and with simple hardware
tance at the output of the inverter and the threshold voltagef  (Fig. 3). The THD improvement of théC process over the
the fabrication process. For a 12-b resolution input signal saomiform sampling process becomes more apparent for higher
pled at 48 kHz, we can show that the deviation due to worst-casedulation indexes. We had earlier intuitively noted this in
variation of a typical CMOS fabrication process will result in §12) in Section 1I-C. For the case example given there, the THD
delay (for a 3-b tapped-delay-line) between 28.5 and 52.9 rexluction agrees well with that obtained from Fig. 8; there are
where the nominal delay is 40.7 ns. We can subsequently sheome differences for other modulation indexes and we attribute
that the worst-case THD for the 12-b pulse generator embodyitigs to the 12-b resolution used in the simulations and to the
a 3-b tapped-delay-line with worst-case time tolerances dueapproximations made in the derivation of (12).
the fabrication variations, is a low 0.19% and the average THDWe simulated the circuit design in Fig. 3 for realizing the
for typical fabricated component variations is 0.10%. These di8€ sampling process and a circuit for the linear interpolation
tortion values are all well within practical and acceptable limitgrocess using a 0.3bm CMOS process cell libraryandat 1.1V
for many applications including hearing instruments. operation. The multiplier used is based on the well established
In view of this low THD, it may be possible to omit the 3-bWallace multiplier. The simulated power dissipation of the cir-
tapped-delay-line. In this extreme case, the worst-case THDaufit for the 5C and linear interpolation is 1.7 and 54V, re-
the 9-b counter-based pulse generator is 0.36% compared &pactively. This shows that as a consequence of the simplicity
12-b counter-based pulse generator of 0.09%. of the §C sampling process, its power requirement is substan-
tially smaller than the linear interpolation process—it is ap-
proximately a third of the power dissipation of the linear inter-
polation process. A further advantage of #@ process is its
We present in Fig. 8 a comparison of the THD of the natkardware simplicity. The transistor count for the circuits for the
ural, uniform, linear interpolation and th#C sampling pro- 6C sampling process and for the linear interpolation is 11527
cesses over a range of the modulation indeiedn this study, and 20 132, respectively. This transistor count difference can be
the pulsewidths of these respective sampling processes gitramslated as a comparison of the required IC area—the IC area
in (1), (2), (5), and (9) were used, and we determine the THOr realizing theéC sampling process is approximately 57% of
by using a 16384-point fast Fourier transform (FFT) analysis that required for the linear interpolation process. In summary,
MATLAB. theéC process dissipates substantially lower power and requires

IV. SIMULATION AND EXPERIMENTAL RESULTS
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Fig. 9. Relationship between power dissipation and the allocation of the number of bits for the counter/tapped-delay-line of the 12-b PWM ptdse gener
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Fig. 10. Relationship between THD and the allocation of the number of bits for the counter/tapped-delay-line of the 12-b PWM pulse generator.

substantially smaller area than the linear interpolation process

1.1

1

for a 12-b realization.

As the dominant power dissipation of the PWM is due
to the pulse generator, we investigate the consequences of
allocating the number of bits to the counter and to the tapped-
delay-line for a 12-b signal representation. We show in Fig. 9
and Fig. 10, the effect of the allocation of the number of
bits on the average power dissipation and average THD. From
these figures, we remark that a larger number of bits allocated
to the counter improves the THD but at the expense of higher
power dissipation. From this study, we recommend a 9-b
allocation to the counter and a 3-b allocation to the tapped-
delay-line as a good design compromise. This pulse generator
design results in a low power dissipation of 204V and a

0.9 A
0.8 -
0.7
0.6 -
0.5 4
0.4 -
0.3 A
0.2
0.1
o] | I H B B B =

5-bit/7-bit

low average THD of 0.1%.

The complete PWM embodying th®C sampling process
and 9- counter 3-b tapped-delay-line pulse generator dissipates

6-bit/6-bit 7-bit/5-bit 8-bit/4-bit 9-bit/3-bit 10-bit/2-bit 11-biv/1-bit 12-bit/0-bit

Counter / Tapped-Delay-Line

22.1uW at 1.1 V operation and the average THD is 0.2%.
To verify our theoretical derivations and simulations, we

construct and measure the THD of the entire digital Clasg. 11.

Microphotograph of the Class D output stage.
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Fig. 12. Comparison of THD from Class D amp realizations embodying different sampling process and the pulse generator obtained from simutations and f
experimental measurements.

D amp depicted in Fig. 1 embodying the PWM, an output In summary, our proposefC sampling process and pro-
stage and a low-pass filter. The PWM was realized on mpsed pulse generator are suitable for low voltage, micropower
CPLD while the output stage (bridge-output) was realized @lass D amps including hearing instrument applications.
a prototype IC depicted in Fig. 11. The output impedance of
this output stage is 2. As it is not possible to realize a
tapped-delay-line in the CPLD, the tapped-delay-line in the We have described a low voltage micropower digital PWM
pulse generator was omitted in this experiment; the countmbodying a novebC sampling process and a novel pulse
is retained as a 9-b counter. As previously discussed, tigignerator. ThedC sampling process required simple arith-
omission would increase the THD by 0.26% as compared ftaetic computation and simple hardware, and featured a low
12-b counter pulse generator. THD. We have analytically shown that the THD of th€

We summarize in Fig. 12 the THD of Class D amps basguocess is low. The pulse generator was based on a hybrid
on different approaches obtained from computer simulatioagunter-tapped-delay-line design. We have investigated the
and from experimental measurements. All approaches for #fects of the number of bits allocated to the counter and
Class D amps employ the 9-b pulse generator (without the 3apped-delay-line on THD and power dissipation, and have
tapped-delay-line) except for the Class D amp with the natuf@commended a respective 9-b and 3-b allocation. The complete
sampling process that employs a 12-b counter pulse generdédfass D amp embodying the proposéd sampling process
The observations made on Fig. 8 apply. Furthermore, we n@@d proposed hybrid pulse generator featured a low voltage
that even with the additional 0.26% THD due to the omissigRicropower operation with a low THD. Our theoretical deriva-
of the 3-b tapped-delay-line is considered, the actual averdt!s and designs have been verified by computer simulations
THD for the Class amps with théC algorithmic process and @nd on the basis of experimental measurements.
the 9-b pulse generator is approximately 0.4% and is still within

V. CONCLUSION

acceptable practical limits for many applications. We note that APPENDIX
the THD obtained from computer simulations and from experi- EVALUATION OF FOURIER SERIES COEFFICIENTS FOR THE
mental measurements agree well, thereby verifying our theoret- 6C SAMPLING PROCESS

ical analysis and proposed designs. _ With reference to (10) and (11), we apply the double Fourier
Another well-accepted figure-of-merit parameter that qualigries analysis to evaluate the Fourier series coefficients for the

fies an audio output other than THD, is the signal-to-noise ratig)c sampling process. First, we substitdts a function of so
On the basis of the computer simulations and experimental m@as thee points corresponc,i to thy andé, points, i.e
surements, we conclude that the floor noise ford@esampling ’

process and pulse generator for the same number of bits used is b1 = {EJ 2r

approximately the same as the other practical implementations 2n| p

including the uniform sampling process and the linear interpo- QiJ 1) 2m (13)
27 p

lation sampling process. 2
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where|6/27 | denotes the nearest integer less than or equaldifficulty by transforming (15) into a continuous function with

6/2w. a new term
A detailed illustration of the’C single-sided trailing edge 0 |2r @
PWM sampling corresponding to Fig. 4 is depicted in Fig. 5. U= <</) - {2—J — 4+ —) a7
As explained in Section 1I-B earlier, we can approximateo Tpop
be equal ta%, and by using simple geometry, we can show thaBy straightforward manipulation of (17), we obtain
il (14) p=u-"  for 0<h<2m (18)
0, — 6y x ' p
: : . b . . We now rewrite the transformed pulsewidth functiQp (6, u)
Using (14), we easily derive an expression for the sampllndgs
point 0
9:92+6 QT(Q,U):B—FQCOS(T,L—E)
=61 + (61 — 6) <1 - W) 4BQsin %sin(u— %—l—%)—i—QQSin 27”51112(1»—%4—%) 19)
(91 + 92) v ) o '
=61+ (62— QI)T' (15)  In order to compute the Fourier coefficie,,,,, we apply a

By substituting (11) and (13) into (15), we can now show thApear shearing transform to the parall_elog_ram _bounded by
the pulsewidth function of théC sampling contouf2(6, ¢) is 0+ ¢ = 27, u = 6/p andu = 27 + (8/p) in Fig. 4 into a square

(16) shown at the bottom of the page. by introducing a new termp

The PWM speptrum gannot be obtained d_lrectly by evaluating d=u—2, 0<6: <2 (20)
the double Fourier series along the sampling contour because
the §C sampling contour is discontinuous in the ¢) coordi- We note thatl® = du asf andp are constants for a given line.

nate space due to the discrete tdyi27 |. We overcome this In other words, thédC sampling contour is now placed along

Q6, §) = B+ Qcos ¢y + Q(cos ¢y — cos ¢1)(2B + Q(cos ¢y + cos ¢2))

4
f Tl 4 27 ™ 2 (i 27 o 4 2r | w
g |2 4B@)sin £ sin [—A— +Z)4+Q° sin =L sin 2 L—ﬂJ—+-
=B+Qcos| | — il P ((2 p> 7’> P (2 P P) (16)

2n | p 4

1 .
Kmn:_2/ /F(g7 @)G—J(me+n(¢>+(%))d9d¢
4% Jo Ja
2 2
(4BQsin(Z) sin(® + (Z)) + Q% sin(=) sin(2® + (=)
1 2m . (B+Q cos &— D p T p D ) ' i
=12 e In® / He 7G40 4o

42 Jo o

— jH /27‘— —jnd
=— e
4(m—|—5>7r2 0
n 4BQsin 7 sin (‘1) + %) + Q%sin 27” sin (2<I> + 2777)
- |exp —(j(m—i——) B+ Qcosd — —1| d®
p

47
JH ; n ™ 4B
SR |:C_J("’+(F))B / eI exp <—j <m + E) <Q cosd — @ sin - sin <<I> + E)
4 (m + %) 72 0 D 7r D P

2 2 2 27 .
—Q—Sinlsin <2(1>+_7r>>> d<1>—/ c_]"q)d<1>}
4 D P 0

,~ 27
= " [ej(m'"(%))B / {e_j"q)ej(m"'(%))Qcosq) exp <J <m + ﬁ) B—Q sin n sin <I>>
4 (m + %) 2 0 p/) 2r p

B 2 4
- exp <j <m + E) —Q sin? ~ cos <I>> exp <j <m + E) Q— sin — sin 2<I>>
p ™ P p/ 8 p

2 2 27 )
- exp <j <m + E) C sin? =~ cos 2@)} do — / e_J"‘I’d@} (22)
p/) 4r p o
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the #-axis and the parallelogram is transformed into a squargi2] H.McDermott, “A programmable sound processor for advanced hearing
bounded by9 =0,60 =2, (/) =0 and(/) — 2. This contour is aid research,TEEE Trans. Rehab. Engvol. 6, pp. 53-59, Mar. 1998.
[13] H. Li, B. H. Gwee, and J. S. Chang, “A digital Class D amplifier de-
sign embodying a novel sampling process and pulse generat&dm

Qr(0, ®) = B+ Qcos @ IEEE Int. Symp. Circuits and Systerusl. IV, Sydney, Australia, 2001,

inZEsi bl 2 (i 27 27 pp. 826-829.
4BQ st P St ((IH_ p) +Q st P S (2¢+ P ) [14] W. R. Bennett, “New results in the calculation of modulation products,”
- o - (2) Bell Syst. Tech. Jno. 12, pp. 228-243, 1933,

By substituting (10) and (21) into the Fourier coefficient
equation [4], we can express the Fourier coeffici&nt,, in the
(6, ®) domain as shown in (22) at the bottom of the previo /=g
page.

Finally, we derive the double Fourier series expression for tl
6C single-sided trailing edge PWM sampling process based
(22) and is given in (12).
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