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Abstract 

This dissertation describes a novel approach to reducing amplifier power 

consumption. With a traditional DC powered amplifier, the voltage difference 

between the power supply and the output signal is a time varying drain to source 

voltage (VDS). The DC voltage must accommodate the largest output signal at all 

times. With a small output swing the driving device VDS is large and wastes power. 

Extending battery life and reducing cost of portable devices motivates novel circuitry 

and algorithms to increase efficiency. For non-portable power systems, improved 

efficiency reduces or eliminates the need for heat sinks and fans. 

In the amplifier system of this dissertation, the power supplies mimic the output. 

Their offset from the output is the constant VDS of the driving devices. The power 

supplies become tracking rails, reducing the power consumption of the driving 

devices and improving amplifier efficiency. The tracking rails are developed by a 

pulse width modulation (PWM) D/A converter and deliver power to a Class AB 

amplifier. Performance and efficiency is analyzed and compared to the same Class 

AB amplifier using DC power supplies. An efficiency increase of 45% is predicted 

from analysis. With a PWM system producing half-tracking rails (only tracking the 

output during the conducting interval of a driving device), the simulated efficiency 

nearly coincides with the predicted efficiency, with only a modest sacrifice in total 

harmonic distortion (THD). 
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After reviewing amplifier classification, several approaches overcoming the 

drawbacks of Class D amplifiers are presented, including two methods of combining 

Classes AB and D. The selected approach uses a very simple PWM D/A converter 

comprising a digital counter, logic and switches to form PWM pulses, and passive 

filtering to reconstruct the waveform. The method is shown to work with three Class 

AB amplifier structures.  

A top-down design approach is used. A mathematical model is first developed and 

tested. Building blocks of the system are designed and simulated from 

interconnected transistors, capacitors, resistors and inductors. The completed system 

is analyzed with a mixed signal simulator, and its performance examined graphically 

and mathematically. 

This is the first published system using half-tracking rails for power amplifiers. 
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C h a p t e r  1  

INTRODUCTION 

The first section of the introduction is a history of pulse width modulation (PWM), 

from its roots in 1953 through early practical development in 1966 up to its recent 

renaissance as the basis for so called digital amplifiers. The second section provides 

a motivation for increasing amplifier efficiency. The third section of the introduction 

begins with a background study of amplifier classification in general, and then 

presents a detailed study of PWM, also known as Class D amplifiers. The general 

disadvantages of PWM are stated as well as efforts to overcome them by several 

state of the art PWM systems. The concept of a Class AB amplifier with tracking 

power supply rails generated by PWM is introduced, and the ways it surmounts the 

deficiencies of PWM. The fourth and final section of this introduction describes the 

scope of this dissertation. 

1.1 History of  Pulse Width Modulation 

Pulse-width modulation has been described as early as 1953 by H. S. Black in 

Modulation Theory [1]. The concept was applied to oscillator circuits in 1959 by P.J. 

Baxandall [2], and used for power amplification of analog signals [3-6]. In 1983, 
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Attwood published a paper on optimizing the output stage of an analog PWM 

amplifier which defined and described the important parameters [7].  

In 1989, Matsuya published a paper on using multi-stage noise shaping (MASH) 

delta sigma architectures in PWM D/A conversion [8]. In 1991, Hiorns et al. reviewed 

an entire PWM system [9] with respect to the ‘why and how’ to use delta-sigma 

modulation to reduce digital input word length [10] and methods of improving the 

digital cross point detector [11]. Hiorns also published in 1991 the theoretical limit to 

PWM high-quality audio as 24 bits [12]. The limiting factor is clock jitter, which 

cannot be overcome by noise shaping. 

A paper published in 1992 by Hawksford [13] described nicely how the non-linear 

mechanism of time-varying spectra of a train of varying pulse widths caused 

distortion. He presented a DSP-based solution using adaptive FIR filtering as part of 

the cross-point detector. Later, in 1993, he published a good summary of DAC 

techniques including sections on delta sigma converters and PWM DACs employing 

delta sigma noise shaping [14]. 

By 1993, PWM digital to analog conversion with Class D amplification was well 

known, and a paper by Sandler [15] presented an excellent summary and 

introduction to pulse width modulation. Since 1993, there have been numerous 

articles written on improving the Class D output stage, including an excellent 

publication by Logan and Hawksford [16]. In addition, an excellent summary and 

comparison of PWM methods has been published by Karsten Nielsen in 1997 [17]. 
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 Later, Nielsen defined energy efficiency with respect to the average distribution of 

volume settings by users, where he advocated optimizing the bass and midrange of 

the audio band (up to around 4 kHz). This so-called weighted efficiency was 

defined with respect to judgments and assumptions about listening habits. He 

assumed 0% of listening occurs at the 0 dB (clipping) level. During a party the 

listening level was judged to be -9 dB, occurring 1% of the lifetime of an audio 

system. The serious listening level was -24 dB, occurring 10% of the time. He judged 

that 89% of the audio system’s lifetime, music was played as a background, at the -

40 dB level. With these behavioral assumptions, he defined weighted or effective 

efficiency with respect to how much of the supplied energy was utilized over the 

system’s lifetime [18].  

The lowering of power supply voltages to 3 Volts and less made it impossible to 

continue using MOSFET source followers for Class AB output stages because of the 

headroom required by a MOSFET’s threshold voltage. Simple substitution of push-

pull common source P and N channel devices is unacceptable because of the 

difficulty in controlling the quiescent current due to processing variations. Loading 

the gates of the power stage with diode-connected devices controls the quiescent 

current but limits the gate voltage swing, and therefore limits the output power of 

the Class AB stage. Fan You published a paper describing an adaptive load on the 

gates to control the quiescent current without limiting VGS swing [19].  
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1.2 Motivation for Increasing Efficiency 

The two main benefits of higher efficiency are longer battery life for portable 

devices, and reduced heat generation in general. The evolution of portable 

electronic devices continues toward integration of functions at chip, board and 

system levels. Second generation wireless cell-phones and include text messaging 

and email services and third generation terminals include Internet access. Hand-held 

computers and personal digital assistants (PDAs) have added wireless telephone 

capability. MP3 music player chip sets as well as FM receivers have been added to 

terminals and PDAs. Combined wireless cell phone, PDA, FM radio and MP3 players 

exist. 

There is also the evolution toward lower cost and longer battery life in these 

products. Consolidation of functions onto fewer integrated circuits, leading to the 

reduction of the number of components in the bill of materials, is one way to 

reduce cost. The elimination of one or more of the MP3 chips, by integrating the 

MP3 function into an existing DSP chip and mixed-signal converter chip is desirable. 

Battery life is extended by improving the efficiency, and especially the weighted-

efficiency of the system [18]. Improving weighted efficiency will make the system 

more efficient under the most usual operating conditions. (For example, if a system 

is operated at 40% of full volume 80% of the time, then optimizing the efficiency at 

40% of full volume goes further toward increasing battery life more than does 

improving the full volume efficiency.) 
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The audio playback function of a cell-phone terminal is in the voice-band 

coder/decoder (CODEC), which is usually integrated into a mixed-signal conversion 

chip. The CODEC is designed to meet the applicable telecommunications standards 

such as D-AMPS or GSM, and does not provide the higher quality audio that is 

expected from portable music players – tape, CD or MP3. Voice band CODECs 

operate over the 300 – 3000 Hz band as compared to the 20 Hz – 20 kHz audio 

band, with 8-bit as compared to 16-bit (or more) resolution of high quality audio. 

A typical high-quality audio playback system consumes significantly more power 

than a telecom CODEC, which shortens battery life. It would be advantageous to 

have a single playback system with no more power consumption than a voice-band 

receiver but with the higher audio quality required of FM radio and MP3. 

Increasing efficiency provides benefits for other than portable applications. 

Wherever power is used inefficiently, heat is generated. Reducing heat generation 

by increasing efficiency can eliminate the weight, bulk and expense of heat sinks 

and cooling fans.  

1.3 Background: Overview of  Power Amplifier 

Classification 

A useful definition of efficiency is the ratio of the power used to the power 

supplied. In a 100% efficient audio system, all of the energy would be converted to 

mechanical (sound) energy and no power would be dissipated in the amplifier 
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itself. This would be true for low as well as high speaker volume. This background 

section compares and contrasts Classes A, B, AB and Class D power amplifier 

structures and their efficiencies. 

1.3.1 Class A Power Amplification 

Figure 1 shows a common-emitter output stage of a power amplifier that can be 

used to compare the operation and efficiency of classes A, B and AB [20]. (Although 

bipolar devices are shown, a CMOS common-source output stage could have been 

chosen without loss of generality.) For the common-emitter structure, the operating 

point of the driving devices depends directly upon the power supply rails. For the 

PNP device, VBE[P] is the positive rail voltage minus (the input voltage plus Vbias[P]). 

For the NPN device, VBE[N] is (the input voltage minus Vbias[N]) minus the negative 

rail voltage. 

For Class A operation, bias voltages Vbias [P, N] are chosen such that IS[1, 2] is always 

greater than ISAT and the output stage is always conducting. The average current 

is SI , independent of signal amplitude. Although this amplifier architecture is linear, 

it is not practical for battery operated applications. Class A efficiency is always less 

than 50% and goes to zero as the output voltage goes to zero.  



 

 9

 

The expression for efficiency derived by Bortoni et al in [20] is 
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where max/man LI Iγ = and LLL RVI /maxmax = . manI is the maintenance current, needed to 

keep the devices in the forward active region at maximum output voltage swings. 

1.3.2 Class B Power Amplification 

Figure 2 shows the common-emitter comparison output stage biased in Class B 

operation, where only one device is conducting at a time. [20] There is zero 

quiescent current (that is, when Vi = 0). Efficiency improves at the expense of 

crossover distortion. Class B efficiency, which can be expressed as  
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Figure 1: Class A Common Emitter Output Stage and Current Waveforms
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has an upper bound of π/4 or 78.5%, and goes to zero as output voltage decreases 

[20]. 
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1.3.3 Class AB Power Amplification 

Figure 3 shows the comparison common-emitter output stage biased in Class AB 

[20]. For small Vi, both output devices conduct as in Class A. For large Vi, one 

device is on and the other off as in Class B. For the price of a small quiescent 

current, the dead zone and crossover distortion is eliminated. 

 

 

 

 

 

 

 

 

 

Figure 2: Class B Common Emitter Output Stage and Current Waveforms 
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Class AB average power supply current is  

 max( ) sin cosL L
S Q Q Q Q

I II
π π

Θ = Θ Θ + Θ  (1.3) 

where 1
max

sin (2 / )Q Q LI I−Θ = , as shown in Figure 3, is the transition angle between 

Class A and Class B operation [20]. The extreme values of ΘQ , 0 and π/2, 

correspond to the Class B and Class A operating points, and have average supply 

currents of 
π
LI  and 

2
maxLI  respectively. The average power dissipation [20] is then 
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 and the expression for efficiency [20] is  
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For a full-scale input, efficiency ranges between about 50 and 76%. With a typical 

ΘQ of π/8, efficiency at full scale is about 68%. Full speaker power is too loud for 

Figure 3: Class AB Common Source Output Stage and Current Waveforms
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many listening situations. A more common listening level might be 40% of full-scale, 

at which point efficiency ranges between 20 and 50%, and about 38% for ΘQ = π/8. 

1.3.4 Source Follower Output Stages 

The above efficiency calculations could also apply to source follower (or emitter 

follower) output stages of classes A, B and AB. An example source follower output 

stage is shown in Figure 4.  

 

Figure 4: Source Follower Output Stage, Class A, B or AB 

The source follower (or emitter follower) configuration has the following 

advantages.  

• No dependency on VDD or VSS power rails. Unlike the common-source (and 

common-emitter), its transistor bias voltages are independent from the power 

supply rail. Figure 4 shows VGS[N] is equal to Vi plus VbiasN minus Vout. Also, 

VGS[P] is equal to Vi minus VbiasP minus Vout. 
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VbiasN

VbiasP
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• Its unity gain makes it relatively easy to compensate. 

• Low output impedance. 

• Highly linear, so less overall open loop gain is necessary for the amplifier. 

Disadvantages: 

• Less headroom than the common source (common emitter), making it 

unsuitable for low voltage technologies such as small-geometry CMOS. 

• For the source-follower, large devices are required. 

• For the source-follower, there’s a relatively large threshold voltage which 

varies with the output voltage because of the body effect. 

Thus low voltage CMOS amplifiers are in a practical sense limited to the 

common source configuration. 

1.3.5 CLASS D (PWM) AMPLIFIERS 

Class D amplification is the preferred approach to solving the efficiency problem. 

Figure 5 shows a Class D output stage [15]. (The input and power-output signals are 

only representative of pulse width modulation and do not correlate to the sinusoidal 

output.) The LC low-pass filter reconstructs the analog output, which is the moving 

average of the input pulse train. MP and MN act as switches, so the power 

waveform (VX) swings from VDD to VSS. Ideally, MP and MN have zero on-resistance 
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and infinite off-resistance and thus dissipate zero power whether off or on. 

Likewise, no power is dissipated in the reactive LC filter so ideally all of the input 

power is dissipated in the speaker for 100% efficiency, regardless of the output 

power level. 

 

 

 

 

 

 

In one example of an all-analog Class D amplifier, the PWM pulse train is obtained 

from a comparator with the low-power audio signal as one input and a triangle or 

sawtooth wave as the other input as in Figure 6 [3]. 
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Figure 5: Class D Output Stage and Voltage Waveforms 
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In this example of dual-sided PWM, the audio signal is compared to a triangle wave 

and the running average voltage of the output PWM stream is proportional to the 

input SIG. If the comparison signal were a sawtooth wave, then it would be an 

example of single-sided PWM. The comparator operates continuously. Its output can 

change state at any time. This type of system has been named natural pulse-width 

modulation, (NPWM). The following is a list of non-idealities of an NPWM system 

that degrade performance [7, 12]. 

1. Finite switching times change pulse widths from their ideal, and these width 

changes are asymmetrical since the switching-times of P- and N-channel 

MOSFETs are different and do not necessarily track with temperature, power 

supply or processing. 

2. The amplitude of the output pulse depends upon the speaker load, especially 

during the rising slopes of the analog signal. 

3. High-frequency power supply ripple can change the slicing level of the 

comparator to cause pulse-width errors. 

4. Overshoot and ringing can occur in the PWM signal due to layout and de-

coupling problems and common impedance paths. 

Figure 6: Comparator and Waveforms for Analog Class D 
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5. Short or long pulses (compared to switching time) can vanish completely. 

6.  Low frequency power supply ripple causes pulse-to-pulse amplitude error, and 

produces audible tones. 

Furthermore, the signal source is digital in modern audio systems. An analog Class 

D power amplifier in such a system requires a D/A converter and an active 

reconstruction filter before its continuous time comparator. The PWM switches tend 

to disturb the DC power supply used by the D/A converter and filter, increasing 

their requirement for high PSRR.. 

1.3.6 DIGITAL CLASS D AMPLIFIERS AND PWM - D/A CONVERTERS 

The straightforward digital counterpart to all analog PWM is digital comparison 

between a digital triangle-wave and a stream of digital samples of a signal. A typical 

digital equivalent of triangle wave comparison is to load the sequence of samples 

into a counter which triggers the pulse edge as its count reaches zero. With either 

method, the pulse edges occur only at discrete time points rather than in 

continuous-time. Restricting pulse transitions to multiples of a clock interval has 

been named uniform pulse-width modulation, (UPWM). UPWM systems operate 

directly on the digital signal, so obviously don’t require the D/A converter and filter. 

Not all of the NPWM errors listed above are solved by UPWM, plus, UPWM adds 

new sources of error. Research has been done through the years to eliminate or 

reduce the effects of these non-idealities [14]. 
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In UPWM, the input sequence of pulse-code modulation (PCM) words is converted 

to a PWM bit-stream to drive the Class D output stage. For acceptable performance, 

it is necessary to overcome distortion-causing errors due to UPWM. Digital signal 

processing can compensate for timing errors, and delta-sigma noise shaping can 

enable the use of lower clock frequencies. 

Figure 7 is a block diagram of a PWM DAC/Class D Amplifier [16]. 

 

 
 

 

The oversampling filter, cross-point detector and noise-shaping filter reduce the 

number of bits into the pulse width modulator without excessively increasing 

quantization noise and distortion. The required clock frequency for the full 

resolution of the digital input would be too high otherwise. The following sections 

present a short summary of each block in Figure 7.  

Oversampling Filter 

The oversampling filter increases the sampling rate of the digital signal and reduces 

distortion. The high end of the audio bandwidth is 20 kHz, and its Nyquist 

frequency is twice that, or 40 kHz. Digital input words enter the oversampling filter 

at a rate slightly higher than the Nyquist frequency, typically 44.1 kHz. 
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Figure 7: PWM DAC/Class D Amplifier
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If a perfectly ideal low pass filter were available, sampling could be done at the 

Nyquist rate. If a filter with a very sharp cutoff transition were available, there would 

be no need for oversampling. Figure 8 illustrates the spectrum when sampled 

slightly higher than the Nyquist rate. A low pass filter with sharp cutoff transition is 

required.  

Fig

ure 8: Signal Spectrum Sampled at Slightly Higher than Nyquist Rate. 

If sampled at twice the Nyquist frequency, the spectrum copies at odd multiples of 

the sampling rate are eliminated, and the requirements of the anti aliasing filter are 

reduced, as illustrated in Figure 9. 

The oversampling filter interpolates zero-samples between input samples then filters 

the result. The output is clocked at a multiple of the input frequency. For three-

times over sampling, and input sampling frequency of 44.1 kHz, the interpolator 

Power 
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would insert three zero-valued samples and clock the resulting stream at 176.4 kHz 

into a digital filter – FIR or IIR. 

 

Figure 9: Signal Spectrum Sampled at About 2 Times Nyquist Rate. 

 Cross-point Detector 

The cross-point detector processes the output from the oversampling filter, 

modifying it by means of linear or non-linear DSP techniques, to improve the 

operation of the pulse width modulator (PWM). The result is a compromise 

between natural and uniform sampling methods.  

A new source of error introduced by UPWM is harmonic distortion. Because it 

restricts pulse edges to discrete time points, UPWM causes harmonic distortion 

where NPWM does not. On the other hand, UPWM eliminates at least one NPWM 

error source. In NPWM, there is a mixing of the audio signal and the frequencies of 
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the triangle wave which aliases back into the signal band. The design of the cross-

point detector has been a rich area for research. Examples in the literature range 

from simple and crude to very complex – some requiring a dedicated DSP 

integrated circuit [13-17]. 

DSM Noise Shaping Filter 

The noise-shaping filter in Figure 7 is a delta-sigma modulator (DSM), intended to 

reduce the number of input bits into the PWM and to shape the increased 

quantization noise out of the audio band. This reduces the required time resolution 

of the system. Without the noise-shaping filter, if a 16-bit signal sampled at 44.1 kHz 

were interpolated and 8 times over-sampled, then the resulting frequency would be 

352.8 kHz with a pulse repetition rate of 2.8 µs. Sixteen-bit resolution requires two 

to the sixteenth power or 65536 distinct pulse widths. Thus the down counter clock 

would need to run at 65536 * 352.8 kHz = 23 GHz for a period of 43 pico-seconds. 

Even if a low pass filter with ideal cutoff transition was available, and oversampling 

was not required, the down counter clock would need to run at 65536 * 44.1 kHz = 

2.89 GHz for a period of 346 pico-seconds. Using DSM noise-shaping to reduce the 

number of bits to eight, for example, would reduce the modulator clock frequency 

to 28 times 352.8 kHz = 90.3 MHz. [16] 
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Pulse Width Modulator 

There are several variations of uniform sampling. One choice is between unipolar 

(VDD and VSS) and bipolar (VDD, mid and VSS) outputs. Single-sided modulation uses 

the counter-equivalent of a sawtooth (as opposed to triangle) wave and there are 

two choices of sawtooth shape – leading or trailing edge sampling. Double-sided 

modulation is better than single-sided modulation (all else being equal) and uses the 

digital equivalent of a triangle wave. Double-sided modulation can have one or two 

samples per cycle, and the cross-point detector can be used to adjust the effective 

sampling time and level for optimal linearization [16]. 

Power-Switch 

The power switch is conceptually the same for both NPWM and UPWM. It consists 

of power MOSFETs in a bridge configuration, connecting the low-pass recovery 

filter to the power rails, and is controlled by the PWM output. Power switch design 

issues include the following: 

• For UPWM, pulse edge positioning must be accurate to the number of input bits 

– not the number of PWM bits. Even though the DSM noise shaper reduced the 

number of bits to the PWM, pulse edge positioning must still have 16-bit 

accuracy. 

• For both UPWM and NPWM, rise and fall time of the power switch must be 

short and jitter must be limited so as not to increase noise and distortion. 
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• For both UPWM and NPWM, the output pulse stream is amplitude modulated by 

any power level drift. 

• For both UPWM and NPWM, care must be taken not to allow both power 

switches to be closed simultaneously. If both switches are closed, crowbar 

current will flow directly from the DC power supply to ground. Non-overlapping 

pulses generated by break-before-make logic prevents prevent crowbar current, 

but the non-overlap interval causes non-linear distortion. The distortion increases 

with the duration of non-overlap, so it must be minimized overall. 

These issues become more critical as the number of bits of resolution increases. 

Several schemes to improve power-switch performance have been published, 

including feedback schemes with A/D converters and more noise shaping. 

Overcoming the difficulties of the PWM power switch is a major goal of this 

dissertation. 

Passive Low-Pass Filter 

A passive LC filter, typically second order, removes the high frequency components 

from the power signal. In many applications, the inductance and capacitance of the 

speaker and its leads are tuned for use as the LC filter. Here are some challenges 

related to the low pass filter. 

• Distortion due to inductor saturation (except for air-core inductors, which are 

expensive). 
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• Filter and output operate open-loop, so filter errors and non-linearity are not 

correctable by feedback. 

• Passive LC filter transfer function depends upon the load, so must be designed 

to match the speaker characteristics. Speaker types are not interchangeable. 

• System must meet all FCC requirements. Any residual components of the PWM 

switching frequency in the output signal is likely to be radiated from the 

speaker wires. Because of this, as a practical matter, the speakers must be 

mounted in the enclosure. 

• Phase shift and group delay distortion of the LC filter are undesirable for non-

audio applications such as control systems. 

Challenges in the Design of Digital PWM Systems 

There are other difficult problems remaining with digital PWM systems. [3, 7] 

• Error correction is computationally intensive. Even though DSP calibration 

techniques can overcome some of the problems related to the switches and LC 

filter, these techniques can only partially cancel errors. Errors due to thermal 

variations of the switching MOSFETs cannot be cancelled. 

• Noise, shaped by delta sigma modulation, must be removed with a passive LC 

filter. 
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• Double-sided modulation is necessary for reasonably good performance and 

the timing of each edge must be noise-shaped. 

• Even with bit reduction by delta-sigma modulation, the clock frequency of the 

counter must still be very high for a full-bandwidth system. 

• Neither NPWM nor UPWM provide PSRR. Any in-band power supply ripple is 

conducted directly onto the output signal. The PSRR problem becomes a power 

supply design requirement. Linear regulators provide better performance but 

dissipate more power than switching regulators. Providing well regulated DC 

power with a compact switching regulator is a difficult challenge. 

• High currents flowing through the power switches and filter at high frequency 

radiates electromagnetic waves which can interfere with wireless transmission 

and reception, breaking FCC regulations. [21] 

Commercially available all-digital PWM systems solve these problems at the level of 

the printed circuit board (PCB). They use digital integrated circuits with analog 

intensive techniques, such as tuning the switch-mode power supply to reduce the 

power supply ripple at the rails of the PWM switch. These difficulties motivate 

looking beyond the all-digital system for something more practical, with better 

performance.  
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1.3.7 Parallel Method: Class AB Voltage with Class D Current 

One alternative is to supply the necessary current from a Class D source in order to 

maintain the voltage signal from a Class AB stage over the speaker load, as shown 

in Figure 10 [22, 23]. 

 

 

 

 

 

 

 

 

 

 

 

The Class AB amplifier controls the output voltage. The Class D stage connects to 

the load through inductor L. Current sensor A, (comprising of a small resistance and 
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Figure 10: Class D Stage in Parallel with a Class AB Stage. 
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a comparator), detects the polarity of IAB. With MP on and MN off, IL increases 

linearly with time until VO increases enough to change the polarity of IAB. When IAB 

increases beyond a set threshold, the switching logic and gate drivers turn off MP 

and turn on MN, causing IL to decrease linearly with time. VO decreases and IAB 

once again changes polarity and crosses a threshold, and the logic then turns off 

MN and turns on MP. The cycle repeats and IAB oscillates between plus and minus a 

set threshold current. This threshold current dissipates some power in the Class AB 

stage. There is a small on-resistance dissipating power when a Class D transistor is 

on, and zero current in the off transistor, so overall we have a highly efficient 

scheme. The oscillation frequency is limited by design to be well beyond audio 

frequencies yet low enough not to become too much of an electromagnetic 

interference (EMI) problem. 

The switching frequency range, the current thresholds and the inductance L are 

chosen so the maximum slope of IL is always greater than the maximum slope of the 

speaker current. Since large amplitude high frequency audio signals are infrequent, 

the system can be further optimized so the Class AB stage picks up some of the 

burden at higher slew rates. 

There are several obstacles to this approach. Keeping the system stable is difficult 

because the feedback loop includes the mixed-signal current sensor, the switch 

logic and drivers, the power switches themselves, the inductor, and the resistance, 

inductance and capacitance of the speaker. In a wireless application, the EMI from 
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the high frequency, high current switching radiating from the speaker wires can be 

a problem.  

1.3.8 One-bit Delta Sigma Modulator through LC Filter into Speaker 

 

Figure 11: Delta Sigma Modulator as Pulse Width Modulator 

The system shown in Figure 11 shows a delta sigma modulator used as the pulse 

generator for a PWM system. [24] A possible advantage of this hypothetical system is 

that feedback would reduce some of the problems inherent to the PWM switch. But 

the system is impractical for the several reasons. 

First of all, the pulse repetition rate is signal dependent. For a given sample rate, the 

repetition rate into the PWM switch is much greater than the repetition rate of 

ordinary pulse width modulation. For a second order integrator, the clock rate 

would be on the order of 12 MHz, or about 2 MHz for a sixth order integrator.  

Second, in a typical DSM audio system, the slicer output drives a switched capacitor 

filter. But in this case, the slicer output is driving power FET switches which don’t 

have the bandwidth to support 12 MHz switching. 
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Finally, as in the all-digital PWM system, the noise floor, shaped by the DSM must 

be removed by the passive LC filter. 

1.3.9 Mixed Analog/Digital Method: Class AB from NPWM Class D Power 

Rails 

Robert Carver in 1998 filed a patent for an integrated audio amplifier with a power 

supply and amplifier section wherein the voltage outputs of the power supply track 

the positive and negative components of the audio signal [25]. The power rails track 

so the power transistors always stay within their linear region, but not excessively 

so. The objective is to limit the dissipation in the power transistors to the bare 

minimum. Using an analog NPWM with large transformers as part of a filtering 

stage, it was geared toward high power applications – on the order of kilo-Watts. 

Several problems make Carver’s solution unattractive for general use. 

• Analog NPWM disadvantages as described earlier. 

• High order filtering using discrete transformers is necessary to tune group delay 

and align the tracking rails to the output signal. 

1.3.10 Mixed Analog/Digital Method: Class AB from UPWM Class D Power 

Rails 

The tracking-rail concept behind Carver’s amplifier, and suggestions by David Rich 

of Agere Systems and Lafayette College [26] provided the idea for the UPWM 

powered amplifier designed, simulated and realized in prototype for this 

dissertation. In such a system, the same PCM signal input to the D/A converter feeds 
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a UPWM digital pulse-width modulator. [28] For the final versions of the system the 

UPWM circuit provides half-tracking power supply rails to the Class AB amplifier.  

Figure 12 is a block diagram of the complete system. As in an ordinary digital 

receiver/amplifier system, the digital signal, typically 16 bits, enters the up-sampler 

and interpolator. Sixteen (or more) bits from the interpolator filter enter the delta-

sigma modulation D/A converter, whose analog output is amplified by the power 

amp and delivered to the load. Eight MSBs from the interpolator filter to the UPWM 

blocks. The top and bottom UPWM circuits receive positive and negative offset 

control to create the fixed VCE (or VDS) across the amplifier driving devices. The 

break-before-make blocks prevent crowbar current from flowing through the power 

switches. LC filters reconstruct the tracking rails. The power amplifier has split 

supplies. All amplifier circuitry except the output stage is DC powered by VCC and 

VEE. The tracking rails enter VCC(out) and VEE(out) to power the output stage. 
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Figure 12: Block Diag: Class AB Amp Powered with UPWM Tracking Rails  

Nearly all the problems of UPWM, NPWM and Carver’s combined solution are 

overcome. 

• The output stage is a Class AB amplifier, within a feedback loop. (The feedback 

loop is not shown in Figure 12.) Feedback helps to linearize and stabilize 

performance. The LC filter is not in the output stage, so all of its problems are 

eliminated. 
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• Performance requirements of the DC power supply regulator are drastically 

reduced because the inherent PSRR of the Class AB amplifier attenuates any 

components of power supply fluctuations present on the tracking rails. 

• From end to end, the digital UPWM circuit may be simplified because the 

tracking rails do not need high fidelity. Thus, the number of bits resolution may 

be reduced, and the cross point detector and noise shaping DSM may be 

eliminated. The simplest UPWM – single sided modulation analogous to a 

sawtooth-comparison NPWM system is adequate. Crowbar current flow may be 

completely ruled out by using conservatively long dead-time for the PWM 

switches. Once again, the dead-time distortion is of no concern because of the 

Class AB PSRR. 

• The UPWM system can be integrated along with the DSM D/A converter, 

making reuse possible of the DSM’s up-sampler and interpolation filter. 

• Digital delay is used to align the output signal with the tracking rails, as 

opposed to the complicated passive filtering technique of the Carver amplifier. 

• Suitability for portable applications is made possible by the reduced component 

count. Large, bulky transformers are not needed for example. 

• Suitability for other than audio applications such as control systems and DSL is 

made possible by the elimination of PWM and switch non-idealities from the 

output signal. 
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1.4 Scope of  the Dissertation 

For this dissertation, research is carried out to design a novel power amplification 

system comprising a Class AB power amplifier with a separate pulse width 

modulation D/A converter and filter which generates tracking power supply rails for 

the power amplifier. As shown in Chapter 2, the theoretical efficiency of a tracking 

rail amplifier is significantly higher than the theoretical efficiency of a Class AB 

power amplifier. This is especially so for audio amplifiers at typical listening levels 

(much lower than full power) because the voltage drop across the amplifier’s 

driving devices remains nearly constant (and small) with a tracking rail amplifier. 

Whereas, with a traditional Class AB amplifier operating at low to medium power, 

there are large voltage drops across the driving devices. 

The design approach is to design from the top down, then verify from the bottom 

up. The first step is to create a mathematical model to analyze different approaches 

to the pulse width modulation scheme. Matlab and Simulink are the mathematical 

modeling tools employed for this purpose. In Simulink, a hierarchical block diagram 

of interconnected mathematical operations is created to interface with the Matlab 

mathematical programming and calculation environment. These tools enabled the 

assembly and test of variations of the algorithm and “what if” scenarios. 

Following the mathematical modeling, the system is designed first with behavioral 

models and then at the final circuit level (transistors, resistors, capacitors and 

inductors) and at the register transfer language (RTL) level for digital circuits. The 
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design is completed using Cadence computer-aided design tools, including tools for 

schematic capture, circuit and logic simulation, and behavioral analog simulation. 

The schematic tool, Composer, allows the hierarchical connection and net listing of 

symbols for wires, electronic devices and sub circuits. 

The high level simulation is carried out with the Cadence AMS (Analog/Mixed-

Signal) simulator which simulates electronic devices as well as models written in the 

Verilog and Verilog-AMS languages. The Verilog language models the behavior of 

combinational and sequential logic gates either in a descriptive way (behavioral) or 

in a prescriptive way (RTL). RTL, or register transfer language is a formal way to 

specify the logical combinations of circuits as inputs to registers and the conditions 

under which the registers are latched. RTL models of a digital sub circuit can be 

transformed into net lists of interconnected logic cells with logic synthesis programs. 

The Verilog-AMS language describes a sub circuit’s behavior either electrically (in 

terms of voltage and current networks), or in terms of signal flow (analysis and 

propagation of floating point variables). Verilog-AMS is a superset of the Verilog 

language, and a sub circuit modeled with Verilog-AMS may contain digital logic as 

well as analog signals. 

The circuit level simulation is accomplished with Cadence’s Specter circuit simulator. 

Much like SPICE, Specter simulates transistors, capacitors, resistors and inductors. 

DC operating point, DC sweep, small signal analysis, and transient analyses were all 

used for bottom up verification of the analog sub circuits. 
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The final system is a combination of integrated circuits and discrete components. 

Three variations are designed and simulated. A single-ended 20-Volt bipolar junction 

transistor amplifier is pared with a CMOS digital pulse width modulator circuit. A 

single ended power amplifier is designed with a 0.25 micron 5-Volt digital CMOS 

process library. And a 0.16 micron, 3.3-Volt digital CMOS process library is used for 

a version of the design with a fully differential power amplifier. Complete circuit 

schematics and test bench schematics are presented and analyzed, along with the 

RTL code for the digital portions of the circuit.  

The simulation strategy is described and graphical and analytical results are 

presented. A hardware prototype has been built and tested to verify the PWM 

generated tracking power rail concept. 

This dissertation describes a novel approach to achieving a higher-efficiency 

amplifier by reducing the power dissipation in the driving transistors of the 

amplifier. Achieving higher efficiency is accomplished with a simpler (and smaller) 

digital PWM D/A converter than those of traditional PWM systems [27]. The 

drawbacks inherent to PWM power switch stages, power supply rejection and non 

linear distortion, are overcome with this approach. 

The dissertation is organized in the following manner. After this introduction in 

Chapter 1, Chapter 2 provides the theoretical basis for the Tracking Rail Power 

Amplifier. 
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The first section of Chapter 2 begins by reviewing the power and efficiency 

equations for a DC-powered Class AB amplifier. Then, power and efficiency 

equations for a Class AB amplifier with output-tracking power supplies are 

developed from a circuit representation of the output stage. Efficiency plots are 

presented and compared for the DC and tracking rail amplifiers. The second section 

of Chapter 2 evaluates a Class AB Amplifier with ideal analog tracking rails. A 

bipolar junction transistor (BJT) op amp with separate power supplies for its driving 

stage is presented. The BJT amplifier is simulated both with DC power supplies and 

with ideal tracking rails for its output stage. Its performance is verified, and its 

efficiency is shown to be nearly identical to the predictions of Chapter 2, section 1.  

Chapter 3 is about pulse width modulator design. It begins with the design and 

simulation of a simple NPWM system for the purpose of optimizing its sampling 

frequency, low pass filter cutoff and the sizes of its switching MOSFETs. The NPWM 

system is shown to have high efficiency and fairly low distortion, although the non-

linear drawbacks to analog pulse width modulation are not investigated. In the 

second section of Chapter 3 the NPWM generator of section 3.1 and the Class AB 

amplifier of section 2.2 are combined into a tracking rail system. Simulations show 

good amplifier performance but lower than expected efficiency. Solving the 

efficiency problem is left until Chapter 4. 

Chapter 4 begins with an analytical explanation for the lower than expected 

efficiency with NPWM tracking rails. The first section also presents the solution to 

the efficiency problem – half-tracking power rails, including simulation with a 
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modified NPWM and BJT amplifier combination. Section 4.2 presents a block 

diagram of the improved UPWM “half-tracking” rail system, and schematics for the 

single ended version. Section 4.3 discusses CMOS Class AB common source op 

amps, and how the architecture presented in this dissertation is the only common 

source AB architecture which can support tracking rails. Its schematics are presented 

and discussed. Section 4.4 presents and discusses the top level schematics of a fully 

differential Class AB system with full tracking rails. 

Chapter 5 discusses the system simulation strategy, platform and results. Time-

domain plots are presented and discussed, together with how parameters of interest 

are derived from the time-domain simulations, and how these parameters are further 

processed into graphical presentations to indicate the efficiency advantage of the 

UPWM tracking rail powered amplifier system. 

Chapter 6 describes a hardware prototype of the tracking rail system which was 

built and tested to verify the concept. A block diagram is presented and discussed, 

followed by oscilloscope plots from the system in operation. Conclusions and 

further recommendations for research are presented in Chapter 7. 
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C h a p t e r  2  

THEORETICAL ANALYSIS OF THE UPWM 

TRACKING-RAIL AMPLIFIER  

The second chapter presents the theory behind the UPWM tracking-rail amplifier 

system and its development. In the first section, mathematical expressions for power 

dissipation and efficiency in an idealized tracking-rail amplifier system are derived 

and compared graphically to DC powered Class AB. Section 2.4 presents and 

simulates a Class AB op amp with bipolar technology, powered by either DC power 

supplies or ideal tracking rails. Measured efficiency is shown to match the predicted 

efficiency of section 2.1 very nicely.  

2.1 Expected Performance and Efficiency 

The focus of this dissertation is the design, simulation, analysis, prototype 

construction, and evaluation of a high efficiency electronic system, comprising 

integrated circuits, external components and a test circuit. The circuit blocks include 

a digital to analog converter and a class AB audio amplifier, comprising a typical 

audio playback system. The system is shown to work with three class AB amplifiers 
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– single-ended bipolar junction transistor (BJT), single ended CMOS and fully 

differential CMOS. The output stages of the class AB amplifiers are designed to be 

operated with either a traditional DC power supplies (3 Volts and ground, 5 Volts 

and ground, and +/- 10 Volts), or with time varying signal tracking power supplies, 

in order to provide a comparison of the two techniques. The circuits also include a 

digital uniform pulse width modulation (UPWM) digital to analog converter, which 

along with the external LC reconstruction filter, generates signal tracking power 

supplies. The audio and the UPWM D/A converter operate on the same digital 

signal. The test circuit is designed so the output stage of the amplifier may be 

operated with either tracking or DC power supplies, and efficiency and performance 

of each configuration compared. Ideally, equal harmonic distortion performance is 

expected for the two configurations, and significantly higher efficiency is expected 

for the configuration using tracking rails, especially at low input signal levels. 

For a DC Class AB system, the average power supply current is given in equation 

(1.3) of Chapter 1 [20] and is repeated here as, 

 max( ) sin cosL L
S Q Q Q Q

I II
π π

Θ = Θ Θ + Θ , (2.1) 

where
max

( / 2)sinQ L QI I= Θ , and 1
max

sin (2 / )Q Q LI I−Θ = .  

The DC powered Class AB efficiency, presented in the previous chapter [20], is 

expressed in terms of CMOS parameters as 
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, (2.2) 

 and is graphed in Figure 13 for various values of ΘQ. 

 

 

A similar equation for the ideal expected efficiency of an ideal Class AB amplifier 

with ideal tracking rails will now be derived. Figure 14 shows a simplified schematic 

Figure 13: Class AB Ideal Efficiency
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of a single-ended common source tracking rail powered Class AB output stage [27]. 

Similar analysis would apply to common emitter or emitter follower stages in bipolar 

technology. 

DC Power supplies VDD and VSS are symmetrical about ground. During a positive 

signal alternation, current from Vd passes through the amplifier’s PFET driving 

device Vgp, through the speaker to ground. The Vd tracking rail is developed by the 

switching transistors and BBM (break before make) circuit controlled by the PWM 

signal labeled PWMD, passively filtered by the inductor and capacitor. 

During a negative signal alternation, current flows from ground through the speaker, 

through driver NFET Vgn to negative tracking rail Vs. Vs is developed by the 

switching transistors and BBM (break before make) circuit controlled by the PWM 

signal labeled PWMS, passively filtered by the inductor and capacitor. 
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Figure 14: Simplified Single-Ended Tracking Rail Class AB Output Stage 

Independent of amplifier classification, output voltage ˆ sinOUT OV V tω= , where ÔV  is 

the peak voltage or magnitude of VOUT. Speaker load current is
ˆ

sinO
L
VI t
R

ω= . 

Average load power is 
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For any Class AB amplifier, not only the structure of Figure 14, the average current 

through each driving device is [20] 
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Where QI  is the quiescent current (at zero output voltage), and 

max
arcsin(2 / )Q Q LI IΘ =  is the transition angle between Class A and Class B operation 

[20]. By intent, the tracking rails keep the drain to source (or collector to emitter) 

voltages of the driving devices nearly constant. The power dissipated in each driving 

stage is DEV H DEVP V I= , where VH is the drain to source (collector to emitter) voltage, 

and is assumed to be constant [27]. The total power (for the purpose of comparing 

tracking rails to DC rails) from the supply is the load power plus the power 

dissipation for both driving devices is  

 
2ˆ ˆ12 ( cos )

2
Q O O

TOT H Q Q
V VP V I
R Rπ π

Θ
= + Θ + , (2.5) 

which can be rearranged to 

 
2ˆ 41 cos 2ˆ2

QO H
TOT Q H Q

O

V VP V I
R Vπ π
  Θ

= + Θ +  
 

 (2.6) 

For ideal analysis, the on-resistance is assumed to be zero and the off-resistance is 

assumed to be infinite. Thus zero power dissipation is assumed for the switches. 

Efficiency, the power delivered to the load divided by the total dissipated power, is 

found by dividing (2.3) by (2.6) and rearranging. 
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Figure 15 compares the efficiency of an ideal Class AB amplifier with DC and 

tracking rails, as a function of output amplitude. VH = 1 and 2 Volts are the values 

used for the tracking rail calculations. The following ideal parameters are used. DC 

power rails are +/- 10 V. Maximum output voltage swing is +/- 7.25 V, load 

resistance is 400 Ohms (thus maximum load current is 18.1 mA). Also IQ is 100 uA, 

so  =   0.0035Qθ π . Efficiency improvement over DC-powered Class AB is more 

dramatic at lower power levels. With 2 V output, efficiency is 61% with VH = 1V 

versus 16% with DC rails. 

With the indication of a 45% increase in efficiency provided by ideal analysis, the 

next step was to design and verify an algorithm for the UPWM blocks. The 

algorithm and its verification using Matlab Simulink are presented in Appendix A. 

In section 2.2 a BJT Class AB amplifier is simulated with tracking rails from ideal 

voltage sources. 
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2.2 A Class-AB Amplifier with Ideal Tracking Rails 

The test circuit in Figure 16 is used to analyze Class AB efficiency improvement 

using ideal tracking rails. A +/- 10V operational amplifier [29, 30], comprised of 

bipolar junction transistors, is embedded in an inverting configuration with a gain of 

ten, driving a 400 Ohm load resistance. The tracking rails are ideal sinusoids of the 

same frequency and amplitude as the output signal. Their DC offsets become the 

Figure 15: Compared Efficiency of DC and Tracking Rail Class AB Amplifier
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fixed VCE of the amplifier driving devices. The schematic is easily reconfigured to test 

with DC instead of tracking rails. 

The ideal sinusoidal power supplies are shown at the bottom of the page. To keep 

a consistent comparison between circuit configurations, the LC filter is inserted 

between the ideal sources and the tracking rail inputs to the amplifier. There are 

power monitors for each power supply and for the load resistor. A Fourier Analyzer 

symbol is inserted across the load resistor, which triggers the simulator to measure 

harmonic distortion. 

An internal view of the op amp appears in Figure 17. The first stage is a PNP 

differential pair with NPN active load. The second stage is a high gain common 

emitter amplifier with two NPN devices in a Darlington configuration. Output of the 

second stage is level shifted to provide separated base currents to the emitter 

follower third stage. The third stage has separate power supplies, with explicitly 

named input pins, from the remainder of the circuit. Separation of power supplies 

allows the third stage to be connected to tracking rails or DC rails without disturbing 

the input stages. 
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Figure 16: Test Circuit for Class AB Amplifier with Ideal Tracking Rails 
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The test circuit was exercised with different amplitudes with DC rails as well as 

tracking rails with different offset voltages. Numerical results are summarized in 

Table 1 and shown graphically in Figure 18. 

Table 1: Class AB Amplifier with Ideal Tracking Rails Results 

VH, V Amplitude, V Measured 
Efficiency, % 

Calculated 
Efficiency, % 

DC 2 15.7 15.4 

DC 7.25 56.9 55.8 

DC 8.25 65.0 63.5 

1 2 61.1 61.1 

1 7.25 85.10 85.06 

1 8.25 86.67 86.63 

2 2 44.00 43.99 

2 7.25 74.07 74.01 

2 8.25 76.47 76.4 
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Figure 18: Meas. vs. Calc. Efficiency with Ideal Tracking Rails and DC Rails 

Very encouraging results are obtained using ideal tracking rails. The next chapter 

explores the design of pulse width modulators. 
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C h a p t e r  3  

 PULSE WIDTH MODULATOR DESIGN 

For the tracking rail Class AB system, each power rail has a UPWM generator, a 

power switch and a second order LC filter. As a stepping stone to the final design, 

Chapter 3 attempts to power a Class AB amplifier with tracking rails generated by an 

analog NPWM system. The intermediate design step is taken for the purpose of 

optimizing common components of NPWM and UPWM systems. (Simulation time is 

much shorter for the NPWM system than the UPWM system.) The chapter begins 

with an exploration of the design space, explaining the design procedure of 

selecting the PWM repetition rate, the LC cutoff frequency, and the sizes of the PWM 

switching devices. The second section uses the NPWM system to produce tracking 

rails for a Class AB amplifier. 

3.1 A Natural PWM System 

This section presents an analog NPWM amplifier and a design procedure for 

selecting a repetition rate, filter cutoff, and power switch sizes. Figure 19 is a 

schematic drawing of the test circuit for the NPWM system. Signal flow is from left 

to right. An input signal and sawtooth wave are input to the analog continuous time 
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comparator labeled COMP. The comparator also takes in a DC offset control 

voltage. The comparator output goes into a non-overlapping complementary pulse 

generator (break-before-make), whose outputs are then level shifted to drive the 

gates of the PWM switching MOSFETs. The DC rails of the PWM switch are +/- 10 

V. The drains of the MOSFETs connect to each other and to the inductor. The other 

side of the inductor connects to the capacitor, and through a power meter to the 

400 Ohm load resistor. Power meters monitor instantaneous power delivered to the 

DC rails, and power dissipated in the load. 

Inductor and capacitor values are easily calculated, given the desired cutoff 

frequency, Q and the load resistance. 

 
0

RQL
ω

=  (3.1) 

 
0

1C
RQω

=  (3.2) 

The values of 360L Hµ= and 1.1C nF= shown in the schematic result in a cutoff 

frequency of 250 kHz and 1 2Q = . 

Figure 20 is the internal view of the logic gates of the BRKB4MK (that is, break 

before make) block used with the PWM_SWITCH test circuit shown in Figure 19. 

The logic and delay of BRKB4MK ensure there is no overlap of Ngate and Pgate. 

The level shifters, lsh_3toP10 and lsh_3toM10 shift the logic from 3 V CMOS levels 
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to +/- 10 V levels and include a series of buffers of increasing strength to drive the 

power MOSFET switches.  
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When activated, the power switches connect node Z to either the 10 V vccp rails or 

the -10 V veep rail. Since Pgate and Ngate don’t overlap, the MOSFET power 

switches are never simultaneously conducting. 

Control of non-overlap is a serious concern in traditional PWM amplifiers [7]. Too 

wide a non-overlap gap results in excess distortion but even a slight overlap will 

result in a large current flow. Excess distortion is not a problem in the tracking rail 

Class AB system since the signal path is not affected by excess non-overlap of the 

power switch control pulses. 

The PowerProbe symbol is a simulation tool, represented by analog behavioral 

model PowerProbe.vams (AppendixC-11), which monitors the instantaneous total 

power delivered by the power supplies, and instantaneous power dissipated in the 

load. The PowerProbes multiply the voltage (measured across infinite resistance) by 

current (measured through zero resistance) and output a voltage proportional to 

their product. 

The initial evaluation was performed with a PWM repetition rate of 44 kHz, filter 

cutoff of 40 kHz with 1 2Q = , (component values 2.3L mH= and 7.0C nF= ), and 

aspect ratios PFET = 2000/1, NFET = 1000/1. Simulated 1 kHz input and output 

waveforms for this evaluation are shown in Figure 21. 
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Figure 21: NPWM Waveforms with 44 kHz Pulse Rate 

The input sine sawtooth waves are in the second trace from the top, and the 

comparator output is on the top trace. The filtered output is on the third trace from 

the top, and clearly shows the presence of a component from the PWM bit stream. 

Obviously the initial configuration is unacceptable. For the second evaluation, the 

PWM repetition rate was increased to 440 kHz. Figure 22 shows the 1 kHz results 

which at first glance seem very good. The filtered output shows only a small 
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residual ripple. Efficiency, measured by taking the ratio of the average of the load 

power and total power waveforms over one cycle, is 98.3%. 

 

Figure 22: NPWM Waveforms with 440 kHz Pulse Rate 

Small residual ripple and high efficiency are not sufficient figures of merit for 

tracking rails. Although signal distortion performance may be relaxed for tracking 

rail systems, phase shift of the PWM output becomes a problem at high frequencies 

if it reduces the headroom between the signals and tracking rails. Figure 23 overlays 

input and output waveforms from the second evaluation, but with 10 kHz signal 
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frequency. With a 40 kHz filter cutoff the phase delay at 1 kHz was about -2 

degrees, but at 10 kHz the phase delay increases to -21 degrees. 

 

 

Figure 23: NPWM 10 kHz Waveforms with 440 kHz Pulse Rate 

The effect of 21 degrees phase delay on tracking rails is illustrated in Figure 24. 
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Figure 24: Effect of PWM Phase Delay on Tracking Rail Alignment 

In the top trace of Figure 24 the solid line represents the signal output from the 

Class AB amplifier. The surrounding dotted lines represent tracking rails with zero 

phase delay. The second trace shows the same signals with the tracking rails shifted 

by 21 degrees. Obviously the output signal cannot travel outside the rails, so severe 

distortion would occur. Confronted with a problem of this magnitude from phase 

delay, available options are 1) increase the headroom voltage to avoid “collision” 

between the tracking rail and desired output signal, at the expense of reduced 

efficiency, or 2) increase the filter cutoff frequency to reduce the phase shift at the 

maximum frequency. The second option is compatible with the major objective of 

increasing the efficiency; however the increased cutoff frequency increases the 

residual ripple. Headroom voltage must increase to allow for the larger ripple 

voltage, thus reducing efficiency. Possible solutions to the ripple voltage problem 
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are 1) increase the order of the filter for a sharper transition and 2) increase the 

PWM repetition rate to shift the spectral copies of the signal higher in frequency. 

In general, PWM performance as, defined by gain, phase shift, residual ripple, 

distortion and efficiency, is sensitive to three parameters: repetition rate, filter cutoff 

frequency, and the size of the switching devices. The journey to optimize PWM 

parameters is summarized in Table 2. 

Beginning with the first row, a PWM rate of 440 kHz and filter cutoff of 40 kHz 

seemed sufficient, at least for 1 kHz signals. Small ripple, high SDR and high 

efficiency as well as small phase shift all seemed acceptable for both large and small 

amplitudes. 
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Table 2: Summary of PWM Optimization Process 

SWITCHES  

PFET NFET 

PWM 
RATE
(kHz)

FCO 
(kHz) 

Vin 
FSiG 

(kHz) VRIP 

 
Vout Ph 

(deg) 
SDR
(dB) 

Eff 
(%) 

1 2000/1 1000/1 440 440 7.25 1 0.1 7.16 -2 72 98.5

2 2000/1 1000/1 440 440 2 1 0.2 1.98 -2 65 94.2

3 2000/1 1000/1 440 440 7.25 10 0.1 7.14 -21 65 98.5

4 2000/1 1000/1 440 440 2 10 0.2 1.97 -21 74 94.2

5 2000/1 1000/1 440 440 7.25 10 7 7.16 -3 35 99.7

6 2000/1 1000/1 1250 1250 7.25 10 0.5 7.13 -3 62 97.8

7 2000/1 1000/1 1250 1250 2 10 1 1.96 -3 66 89 

8 2000/1 1000/1 1250 1250 7.25 1 0.5 7.13 0 62 89 

9 2000/1 1000/1 1250 1250 2 1 1 1.96 0 70 97.8

10 2000/1 1000/1 1250 1250 1 10 1 0.98 -3 61 73.2

11 2000/1 1000/1 1250 1250 5 10 0.7 4.92 -3 63 96.8

12 2000/1 1000/1 1250 1250 9 10 0.7 8.87 -3 60 98.2

13 2000/1 1000/1 1250 1250 10 10 0.7 9.87 -3 51 98.4

14 1000/1 500/1 1250 1250 7.25 10 0.5 7.05 -3 55 97.2

15 20000/1 10000/1 1250 1250 7.25 10 0.5 7.23 -3 69 89.9



 

 63

But as previously discussed, the phase shift is much too high at 10 kHz. Row 5 

shows the results when the cutoff frequency was increased to 250 kHz. Solving the 

phase delay problem increased the ripple voltage and distortion to unacceptably 

high levels. Table 2, Row 6, skips some of the iterations and arrives at the selected 

set of parameters. 

Increasing the PWM rate to 1.25 MHz as shown in Rows 6 through 9 reduces the 

ripple, phase delay and distortion significantly while keeping efficiency relatively 

high for large and small amplitudes, at 10 kHz and 1 kHz. Rows 10 through 13 

provide data points at several more signal amplitudes. 

The final two rows of Table 2 show the effect of varying the switch sizes. As an 

approximation to compensating for the lower mobility of holes versus electrons, the 

aspect ratio of the PFET switch is always twice the aspect ratio of the NFET switch. 

Comparing Row 14 to Row 6 shows reducing the aspect ratios by one-half, by 

increasing switch resistance, reduces the output amplitude, increases distortion and 

slightly reduces efficiency. Comparing Rows 15 and 6 shows increasing aspect ratios 

by a factor of ten significantly reduces efficiency. 

With the measurement results from Table 2 we can make some graphical 

comparisons. Figure 25 compares ideal to measured efficiency values for PWM, 

Class AB and Class AB powered by ideal tracking rails. NPWM ideally has 100% 

efficiency, but measured efficiency drops with decreasing output as do Class AB and 

tracking rail powered Class AB.  
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From Figure 25 we can see tracking rails offer the hope of a significant 

improvement over DC powered Class AB. The next section uses the NPWM circuit 

to generate tracking rails for a Class AB amplifier. 

 

Figure 25: Eff. for DC and Tracking Rail Powered PWM and Class AB  
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3.2 A Class-AB Amplifier with NPWM Tracking Rails 

The next step in the progression toward the Class AB with UPWM Tracking Rail 

system is to use the NPWM circuit of Section 3.1 to generate the tracking rails of the 

Class AB amplifier of Section 2.2. 
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Figure 26 is an overview of the test circuit. The same amplifier from the circuit of 

Figure 17 is powered by two copies of the NPWM circuit of Figure 19. The intent is 

to show comparable performance and efficiency, whether the tracking rails come 

from an NPWM circuit or from an ideal voltage source. A test signal is input to both 

NPWM comparators as well as the amplifier. The DC offset control to the 

comparators is adjusted for VH = 2 V. 

The resulting waveforms appeared satisfactory, and the signal to distortion ratio was 

better than 80 dB for a 7.25 V, 1 kHz signal. However, efficiency was only 29.6%, 

compared to the expected 76.4%. The ideal test circuit efficiency matched the 

theoretical calculations very nicely. The next task was to determine why measured 

results did not. Where is the power being wasted? 

What were the faulty assumptions of the ideal test circuit leading to overly optimistic 

efficiency measurements? Chapter 4 discusses the faulty assumption, the cause of the 

efficiency loss, and then presents the solution. 
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C h a p t e r  4  

UPWM TRACKING RAIL CLASS AB AMPLIFIER 

DESIGN 

The cause of efficiency loss in the NPWM rail powered Class AB system and its 

solution is discussed in section 4.1, including demonstrations of improved 

performance and efficiency, and solutions to further deficiencies which became 

evident. Section 4.2 presents a block diagram of the improved UPWM “half-tracking” 

rail system, and schematics for the single ended version. Section 4.3 discusses CMOS 

Class AB common source op amps, and how the architecture presented in this 

dissertation is the only common source AB architecture which can support tracking 

rails. Its schematics are presented and discussed. Section 4.4 presents and discusses 

the top level schematics of a fully differential Class AB system with full tracking rails. 

4.1 Solution to the NPWM Tracking Rail Efficiency 

Problem 

An amplifier powered by ideal tracking rails was shown in Chapter 2 to have 

measured efficiency nearly identical to the efficiency predicted by Equation (2.7). 
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When ideal tracking rails were replaced by an NPWM rail generator in Chapter 3, 

the efficiency dropped from 76.4% to 29.6%. In this section, the reason for efficiency 

loss is explained and its solution presented. 

4.1.1 Faulty Assumption: Constant Filter Load Impedance  

As shown in Section 2.1, the Q of the LC filter depends on the load resistance, 

which is a constant 400 Ohms in the NPWM test circuit. In the test circuits with 

tracking rails powering the op amp, the driving devices of the op amp are in series 

with the load resistance, as shown in Figure 14. No attention was paid to the effect 

of the time varying resistance of the driving devices on the Q of the filter. With ideal 

tracking rails there are no high frequency components to attenuate, so the effect of 

varying load impedance can’t be seen. However, the effect of dynamic load 

impedance becomes evident when filtering out the high frequency components of 

the PWM pulse train. 

The dynamic input resistance of the op amp power supplies can be explained 

heuristically by means of Figure 27. By the definition and intent of tracking rails, VO, 

VCC and VEE all have equal time differentials, or slopes. The instantaneous resistance 

is the ratio of voltage slope to current slope. For the resistance looking into VCC is 
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( )
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d V t
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= = . 

 



 

 71

 

Figure 27: Voltages and Currents of the Tracking Rail Class AB Output Stage 

V 

VO(t)

VEE(t)

VCC(t)

( ) ( ) ( )O CC EE
d d dSlope V t V t V t
dt dt dt

= = =

t 

I 

IL(t)

IEE(t)

ICC(t) 

1( ) ( )L O
Load

d dSlope I t V t
dt R dt

= =

t 
0Slope =

0Slope =



 

 72

While 0OV < the slope of 0CCI =  and RCC approaches infinity. Similarly, 

EE LOADR R= when 0OV < and is infinite when 0OV > . By design, when the LC filter is 

terminated with LOADR R= , 
1
2

LOADRQ
LC

= = . As R increases toward infinity, Q also 

increases toward infinity. 

The theoretical dependence of power supply input impedance upon output level 

for tracking rails was verified by observation by means of small circuit analysis of 

two Class AB amplifiers – the bipolar emitter follower op amp of section 2.4 and a 

common source CMOS op amp. 

4.1.2 Reason for the Efficiency Loss 

During the negative alternation of VO, the op amp is drawing no current from the 

positive tracking rail power supply. But the PWM generator continues sending 

pulses into the (now very high Q) LC filter, in order to create a negative alternation 

on the positive tracking rail. The charge transferred by the pulses into the LC tank 

does not enter the op amp, but reflects back through the PWM switch, dissipating 

power in the switching devices. Since the op amp requires no current from the 

positive rail during the negative alternation, the energy required to create the 

negative alternation of the tracking rail is completely wasted. 
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4.1.3 Half-Tracking Rails Solve the Efficiency Problem 

No current passes through the positive driving device during the negative 

alternation. No current passes through the negative driving device during the 

positive alternation. While not conducting, instantaneous power dissipation 

is ( ) ( ) ( ) ( ) 0 0CE CEP t V t I t V t= = × = , regardless of VCE. During non-conducting intervals, 

VCE(t) can be allowed to increase without increasing power dissipation. The solution 

is to clamp the tracking rails at zero Volts resulting in half-Tracking power rails. 

Ideal half-tracking rails are illustrated in Figure 28. A very important point is that the 

ideal efficiency equation (2.7) applies to both tracking and half-tracking power rails, 

since zero current is flowing while the half-tracking rail is clamped at zero. 

 

Figure 28: Output Signal and Half-Tracking Rails 

The concept of half-tracking rails was verified in stages. First, a behavioral model of 

an ideal voltage clamp was inserted into the test circuit of Figure 16 to show 

performance was not degraded. Second, efficiency improvement was verified in the 

V 

t

VO(t) VCC(t) 

VEE(t) 
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NPWM powered Class AB system, by changing the sawtooth comparator inputs for 

produce half-tracking power rails. Finally, for the digital UPWM powered Class AB 

system, the UPWM algorithm was changed to generate the half-tracking rails.  

For stage one, Figure 29 demonstrates the square wave response of the filter and 

BJT op amp, (Figure 16), with ideal half-tracking rails. 

 

Figure 29: Square Wave Response with Ideal Half-Tracking Rails 
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The signal swing is +/- 7.25 V. The positive and negative rail swings are 0 to 8.75 V 

and -8.75 to 0 V respectively. The sharp corners of the OUT signal show the 

immunity of the driving stage to the sloppiness of the rail signals. 

 

4.1.4 Half-Tracking NPWM Powered Class AB System 

A plot of the NPWM system waveforms with half-tracking rails is shown in Figure 

30, for a 1 kHz, 2 V output and VH = 1 V. The top trace is the input signal. The 

second trace is an overlay of the output signal and tracking rails. The next two 

traces are the instantaneous power delivered by the positive and negative supplies, 

and the bottom trace is the instantaneous load power dissipation. The zero power 

dissipation during “off” intervals is evident. 
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Figure 30: NPWM Waveforms with Half-Tracking Rails 

Measured efficiency at two amplitudes versus calculated efficiency is plotted in 

Figure 31. Discrepancy between measured and calculated efficiency is 6.1% at 2 V 

output and 4.2% at 7.25 V output. Returning to Figure 30, both positive and negative 

supply rails are delivering power when the output voltage is within +/- VH of zero 

volts. Both supplies deliver power for a larger portion of a cycle for lower 

amplitudes, explaining the existence of a discrepancy as well as the discrepancy 

decreasing with amplitude. 
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Figure 31: NPWM Half-Tracking Rail Efficiency, Measured versus Calculated 

Performance at 1 kHz seems encouraging, but at 10 kHz a further problem becomes 

evident. At high frequencies, especially at low voltages, the tracking power supplies 

ring at 250 kHz, the frequency of the filter cutoff. The ringing is evident in Figure 

32, from a system with power switch aspect ratios PFET: 20,000/1 and NFET: 

10,000/1. 
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Figure 32: Ringing NPWM Tracking Rails, Large Switch Devices, 10 kHz 

Two circuit changes reduced the ringing problem. First, the amplitude of the ringing 

is reduced by shrinking the PWM switch sizes. The initial large aspect ratio PWM 

switches were chosen to minimize their on-resistance and power dissipation. Thus 

the LC filter was only terminated at the load, whose resistance is widely variable. To 

alleviate the ringing problem, the aspect ratio of the switching MOSFETs was 

reduced enough to quench the ringing, but not significantly reduce efficiency. The 

final switch sizes were 2000/1 and 1000/2, as reported in Chapter 3, Table 2. 

A second circuit change is to limit the range of resistance seen by the LC filter, and 

thus limit the range of Q. While conducting, the input resistance is equal to the load 

resistance. There is a short transition interval where resistance changes rapidly with 

output level. And during the non conducting interval the input resistance looking 
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into the collectors of the driving devices is huge, and not well defined. Filter 

Q R C L=  varies directly with R. To improve the control of R, and limit the range 

of Q, a 10 kOhm resistance is placed in parallel with the amplifier, which of course 

sacrifices some efficiency because it dissipates power. (A transient plot showing an 

acceptable residual ripple after device size optimization and dynamic resistance 

range limiting in the final system is shown in Chapter 6, Figure 58.) 

4.2 Single Ended UPWM Half  Tracking Rail Class AB 

System 

This section presents the single ended system hardware. First, a block diagram is 

discussed, followed by schematics of the top level test circuit. 

4.2.1 Block Diagram of Single Ended System 

Figure 33 is a copy of Figure 12, from Chapter 1, with added sampling rate 

information. As in an ordinary digital receiver/amplifier system, the 16-bit digital 

signal enters the up-sampler and interpolator. A 44.1 kHz audio sample rate is 

typical, but to arrive at round numbers of sampling and clock frequencies, an 

approximate 39 kHz sampling rate is chosen. When up-sampled by 32, the 

resulting rate is 1.25 MHz. (Both the sample rate to the D/A and the PWM rate are 

1.25 MHz.) The sixteen (or more) bits from the interpolator filter enter the delta-

sigma modulation D/A converter, whose analog output is amplified by the power 

amp and delivered to the load. The 7-bit counter in the UPWM circuit uses a 



 

 80

clock frequency 128 times the 1.25 MHz PWM rate, or 160 MHz. (For typical 44.1 

kHz digital word rate, up-sampling by 32 results in 1.4112 MHz PWM and D/A 

sample rate, and UPWM clock rate of 180.663 MHz.) 

Eight MSBs from the interpolator filter go to the UPWM blocks. The UPWM blocks 

may be considered to consist of a 7-bit digital counter and comparator. For the +/- 

10 V half-tracking rail system the 8-bits correspond to -10 to 9.9219 Volts. The input 

word is compared to the state of the counter to create the pulse edges. The counter 

state corresponds to a digital sawtooth wave, with 128 steps at 6.25 ns per step (i.e. 

a 160 MHz clock) for a sawtooth period of 800 ns (i.e. a PWM rate of 1.25 MHz). 

The digital sawtooth waves are offset by a number of counts (OS) to create the VH 

offset. For the +/– 10 V half-tracking rail system, OS = 19 produces VH = 1.5 V. The 

UPWM for the positive half-tracking wave counts from (128 – OS) to (255 – OS). 

The UPWM for the negative half-tracking wave counts from (0 + OS) to (127 + OS).  
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Figure 33: Block Diag: Class AB Amp with Tracking Rails from UPWM 

4.2.2 Single Ended System Test Circuit Schematics 

The schematic shown in Figure 34, is a top-level view of the single-ended test 

circuit. Fitting the entire schematic onto an 8 ½ by 11-inch page makes some 

features and text unreadable, so close up views of sections of Figure 34 appear on 

Figure 35 to Figure 38. Figure 34 (and its close ups) instantiate the single ended +/– 

2.5 V CMOS op amp. The test circuit for the +/– 10 V BJT op amp is similar, but 

with obvious changes to DC power supplies and level shifters.  
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*Of the 16 or more bits out of interpolator, 8 MSBs go to UPWMs and all bits go to D/A. 
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The close up view in Figure 35 shows the signal generation blocks and the digital 

pulse width modulator block. The up-sampler, interpolator and signal D/A converter 

are implied, but not shown in the test circuit. The ideal sinusoidal voltage source, 

shown with amplitude of 2 V and 10 kHz frequency in Figure 35, and the 1.25 MHz 

clock enter an ideal 16-bit analog to digital converter. DSIG<7:0> and CK 

correspond to the eight MSBs of a digital signal and clock from a typical up-sampler 

and interpolation filter combination. Interpolator output, truncated to sixteen bits 

would go to a signal D/A converter, then the power amp. The 8-bit digital signal 

and clock enter the digital pulse width modulator marked DPWM.  

The close up in Figure 36 shows the digital pulse width modulator connecting to 

break-before-make logic, then level shifters. The DPWM outputs outPpwm and 

outNpwm will become the positive and negative half-tracking rails, respectively.  
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Figure 35: Close Up of Left Side of Single Ended Test Circuit 
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Figure 36: Close Up of Left-Middle Side of Single Ended Test Circuit 
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Figure 37: Close Up of Middle-Right Side of Single Ended Test Circuit 

The close up in Figure 37 shows the level shifters connecting to the switching 

MOSFETs. DC power rails to the switch sources are +/- 2.5 V for the CMOS op amp 

(as shown) and +/- 10 V for the bipolar op amp. Power meters are series/parallel 

connected to the DC power supplies and ground. Switch outputs zCC and zEE 

connect to the inductors of the LC filter. The opposite sides of the inductors are 

positive rail vcct and negative tracking rail veet. The filters are completed by 

capacitors from the tracking rails to ground. And the 10 kOhm resistors from the 
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tracking rails to ground limit the maximum Q of the filter as previously described. 

Ideal DC voltage sources for the simulation appear on the right of the close up. 

 

Figure 38: Close Up of Right Side of Single Ended Test Circuit 

The close up in Figure 38 shows the single-ended Class AB CMOS op amp, 

connected in an inverting amplifier configuration. The ideal sinusoidal voltage 

source, Vsig, corresponds to filtered D/A output to be power amplified. A power 

meter is series/parallel connected to Rload and ground, and a Fourier analyzer is 
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connected across Rload. The bipolar amplifier version of this test page differs only 

in the power amplifier and the level shifters. 

The break-before-make blocks, power switches and LC filters were described in 

detail in Chapter 3. The +/– 10 V bipolar op amp was described in Chapter 2. The 

single ended CMOS Class AB op amp is presented in the next section. 

4.3 Low-Voltage Class AB CMOS Op Amp with Split 

Supplies 

The Class AB common source amplifier architecture, used in single-ended and 

differential configurations, is unique in that it is the only such architecture with the 

ability to use tracking power supply rails. Its uniqueness is presented by comparison 

with a typical traditional Class AB common source amplifier in section 4.3.1. It is 

presented and discussed in section 4.3.2. 

4.3.1 A Traditional CMOS Common Source Class AB Op Amp 

Figure 39 is the schematic of a typical CMOS Class AB Op Amp. [31-33].  
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Figure 39: Typical Traditional Class AB CMOS Op Amp 

M6 and M7 make up the active load for the differential pair M4 and M5, with tail 

current set by the BIAS node through M3. The output of the differential pair goes 

directly to driver PFET M1. The combination of M8 and current source M9 shift the 

differential pair output to driver NFET M2, with the outcome of Class AB operation 

between M1 and M2. Dominant pole compensation is provided by C1 and C2, and 

transmission zero compensation by the triode devices M10 and M11. 
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Now, consider the consequences of separating the source of M1 from V+ and the 

source of M2 from V- to positive and negative tracking rails, or different DC levels. 

The VGS of M1 and M2 now depend not only on their gate voltages but on their 

source voltages. Signal can not be passed to the driving stage as a voltage if its 

power rails are separated from the power rails of the first stage. Not one published 

CMOS Class AB common-source topology is able to support tracking rails. [26]. 

The next section presents a novel common source CMOS Class AB with separable 

driving stage power supplies for tracking rail operation. 

4.3.1 CMOS Class AB Op Amp with Tracking Power Rails 

The single ended Class AB CMOS op amp is presented in Figure 40. Close ups are 

presented in Figure 41 to Figure 44. The fully differential Class AB CMOS op amp 

uses combinations of these same building blocks.  
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Figure 41: Single-ended CMOS Class AB: Bias Section 

The bias section generates mirror voltages and 10 µA bias currents from the main 

bias current. 



 

 93

 

Figure 42: Single-ended CMOS Class AB: First Stage 

The first stage is a typical CMOS differential pair. When there is zero differential 

input, node V1 is equal to node VREF from the stack of devices to the left of the 

differential pair. The fully differential version of the first stage uses common mode 

feedback to control the active load of the differential pair, and has differential 

outputs to two second stages. 
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Figure 43: Single-ended CMOS Class AB: Second Stage 

The second stage converts the voltage output from the first stage to a differential 

current input to the third stage. In the fully differential version there are two copies 

of the second stage. 
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Figure 44: Single-ended CMOS Class AB: Output Driver Stage 

The third stage is a variation of the low-voltage Class AB driver first presented by 

Fan You.[19] and used in [34], but with some important innovations [27]. With zero 

differential voltage to the op amp, 12 µA is pulled from the source of M24 and 12 

µA is pushed into the source of M20. With the chosen device sizes, M20, M21, M24 

and M25 are all in saturation mode, with relatively low resistances, and therefore a 

low VGS on the driving devices M23 and M27. The mirror ratio of 180/48 multiplies 

the 12 µA up to the 45 µA quiescent current. Both driving devices are conducting, 
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so for very small signals around the quiescent point there is Class A operation. As 

the P-driving signal current decreases from 12 µA, the VGS of PFET M25 and driving 

device M27 decreases and the P-driver turns off. Simultaneously, the N-driving 

current increases from 12 µA. NFET M21 leaves the saturation region and enters the 

triode region of operation. The series resistance of M20 and M21 increases sharply 

and a large VGS is developed on N-driver M23, which then draws current from 

ground through the load resistance. For the opposite alternation, the N-driver turns 

off and the P-driver pushes current through the load resistance to ground. 

Note that the architecture of the third stage is common source. As stated in section 

1.3.4, in the common source configuration, the driving device VGS bias depends 

directly on the power rail voltage. Output tracking power rails would certainly not 

work with any common source amplifier other than the architecture presented here 

[26]. Only by separating the second and third stages, and passing the signal as a 

current, can the third stage operate with tracking power supply rails. 

4.4 Fully Differential UPWM Tracking Rail Class AB 

System 

The schematic shown in Figure 45 is a top-level view of the fully differential test 

circuit. Close up views of sections of Figure 45 appear on Figure 46 to Figure 48.  
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The signal source and pulse-width-modulator blocks appear in the upper left-hand 

corner of Figure 45 and in close-up in Figure 46. The signal source block provides 

the digital control bits, clock signals and digital signals for simulation. It is the 

stimulus for simulation and not part of the system, and is fully described below. 

The main outputs of the PWM block are the RawPWM<3:0> signals. The Cadence 

convention for bus notation is the angle brackets “<>”. RawPWM<3:0> is bus 

notation for four separate wires, RawPWM<3>, to RawPWM<0>. The convention for 

wire connections in Composer, as in most schematic capture tools is a connection 

exists between two drawn wires if they have the same names, even if the 

connecting wire is not drawn explicitly. The RawPWM<3:0> signals connect from 

the PWM block on the upper left of Figure 45 to the four PWM_ASP blocks in the 

middle row of Figure 45. RawPWM<3:0> are the outputs of logic gates and do not 

have the strength to drive power switches, hence the label “Raw”. The PWM_ASP 

stages and PWM_SWITCH blocks are shown in the middle of Figure 45 and in 

close-up in Figure 47. 

The PWM_ASP blocks are the interfaces between the digital and analog simulation 

engines of the Cadence Verilog-AMS (Analog/Mixed-Signal) simulator. The digital 

simulator engine works with logic signals: 1 (high), 2 (low), x (unknown) and z 

(high impedance), and with transition time information. The analog simulation 

engine works with voltage and current information, time and derivatives with 

respect to time.  



 

 103

RawPWM<3:0> are logic signals with values 0 or 1, and transition time information. 

The PWM_ASP blocks, within the simulation environment, convert these streams of 

zeroes and ones to electrical signals -- continuous time voltage waveforms with 

finite rise and fall times and defined source impedances, which are compatible with 

the “SPICE-like” analog simulation engine. To illustrate, logic signal RawPWM<3> 

converts to electrical signal PWM3. 

The PWM3, PWM2, PWM1 and PWM0 electrical signals go to the PWM_SWITCH 

blocks. The PWM_SWITCH outputs go to the passive low pass filter blocks, PFIL. 

The outputs of the passive filters are the tracking power rails VDDPP, VSSPN, 

VDDPN and VSSPP. 

The signal D/A converter, ABDRIVER, the speaker load and simulation source and 

analysis blocks appear on the bottom of Figure 45 and in close-up on Figure 48. 

The ideal DAC gets its LOADN_DAC and DSIG<15:0> inputs from the signal source 

block. Its outputs, labeled VIP and VIN go to the differential Class AB driver 

(ABDRIVER). ABDRIVER gets a common mode voltage input VCM and a power 

down input PD from independent voltage sources. The reference node for the 

circuit is the “gnd” symbol. A zero-Ohm resistor connects it to the node gnda! (The 

exclamation point indicates it is a global node, existing implicitly within all circuit 

blocks.) Also input to ABDRIVER are the tracking power rails and a 20 uA bias 

current IBIAS. VCM and IBIAS in general would be based upon a band-gap 

reference circuit, which could be internal to the IC or be in a separate package. 



 

 104

The differential outputs from ABDRIVER are applied to a 30-Ohm resistor, RLOAD, 

which represents the resistance of one headset speaker. The feedback loops (OPF 

to OUTP, and ONF to OUTN) are closed externally to ABDRIVER. The blocks 

labeled Power Probe and Fourier in Figure 48 are analysis models.  

Blocks appearing on the top middle and top right corner of Figure 45 but not 

included in any close-ups are the independent voltage sources supplying the main 

DC power supplies vdda! and VDDRAIL!. 

Each of the top-level blocks is described in greater detail in Appendix B. 
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C h a p t e r  5  

TOP LEVEL SIMULATIONS FOR THE TRACKING 

RAIL CLASS AB SYSTEM 

Three versions of Tracking Rail Powered Class AB Amplifiers are designed and 

evaluated by means of top level simulations. A system using a fully differential 

CMOS Class AB amplifier and full tracking rails is the first one designed and 

simulated. Its excellent performance is presented first in this chapter. However, its 

efficiency being much less than predicted by equation (2.7) inspired the bottom-up 

reevaluation and redesign which led to inventing the half-tracking rail concept. Two 

versions of half-tracking rail systems are designed and simulated. Their high 

efficiency is presented, and their performance shown to be nearly equivalent to that 

of the full-tracking rail system. 

5.1 Comparison of  Three Tested Systems 

Table 3 summarizes the three systems 
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Table 3: Comparison: 3 UPWM Tracking Rail Powered Class AB Systems 

 System 1 System 2 System 3 
Differential Yes No No 
Power Supplies 3.3/0.0 10/-10 2.5/-2.5 
Power Amp Technology CMOS Bipolar CMOS 
Output Stage Common Source Emitter 

Follower 
Common 
Source 

Tracking Rail Type Full Tracking Half Tracking Half Tracking 
Digital Signal Sampling 
Rate 

44.2 kHz 39 kHz 39 kHz 

Oversampling Factor 4 32 32 
PWM Sampling Rate 176.9 kHz 1.25 MHz 1.25 MHz 
PWM Bits In (Before 
Offset) 

8 8 8 

PWM Bits In (After Offset) 9 8 8 
PWM Clock Rate 90.9 MHz 160 MHz 160 MHz 
PWM Digital Method Count down 

from 
9-bit word (8-bit

input plus 
offset) 

Compare 8-bit 
input to 7-bit 
sawtooth for  
half tracking 

Compare 8-bit 
input to 7-bit 
sawtooth for  
half tracking 

PWM Switch PMOS Size 54/0.28 2000/1 2000/1 
PWM Switch NMOS Size 38/0.32 1000/1 1000/1 
LC Filter Order 4 2 2 
LC Filter Q (ideal) 0.71 0.71 0.71 
LC Filter Cutoff 40 kHz 250 kHz 250 kHz 
LC Parallel Load Resistor None 10 kOhm 10 kOhm 
LC Source Resistor 1 Ohm None None 
Tracking Rail Offset (VH) 0.3 V 1.5 V 1.5 V 
Output Load 32 Ohm 400 Ohm 400 Ohm 
Max Output Swing, S.E. 1.2 VP 7.25 VP 1.8 VP 
Max Output Swing, Diff 2.4 VP N/A N/A 

 



 

 107

As previously stated, the project approach was to design from the top down, then 

verify from the bottom up. Small sections of circuitry (for example, a differential pair 

with active load), were designed, simulated and adjusted. Small sections were 

combined into building blocks and verified. Then building blocks were combined 

into the major blocks. As the major blocks were completed, they were simulated in 

their own test circuits. As discussed in Chapters 2 and 3, the efficiency of an NPWM 

system was verified separately, as was the efficiency of the bipolar and CMOS op 

amps with tracking and half-tracking rails. 

For final evaluations, the three top level systems were simulated in the mixed signal 

test environment. The top level simulations and their results are now presented and 

discussed, beginning with a tabular summary of for the three systems. 

5.2 Verification Strategy 

Beyond basic functionality, the major goals are significantly higher efficiency and 

roughly equivalent harmonic distortion and frequency response, when compared to 

similar systems using DC power supplies. As shown in Chapter 2, Figure 15, an 

efficiency increase of up to 45% is predicted by mathematical analysis. Assuming the 

power supply rails keep the amplifier driving devices in their linear operating region 

at all times, the use of tracking or half-tracking rails should not degrade 

performance in terms of frequency response or distortion. A suite of simulations and 

analyses was developed to demonstrate the achieving of these goals. The suite 

consists of four phases: 1.) Demonstration of basic functionality. 2.) Evaluation of 
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distortion versus output level. 3.) Evaluation of efficiency. 4.) Evaluation of 

frequency response. 

For the first phase, basic functionality is shown by simulating with DC power 

supplies for several cycles of a sinusoid before releasing the PWM machine to 

generate output tracking power supplies for the output stages. The simple criterion 

for judging functionality from the basic functionality simulation is for the waveforms 

to be observed settling into the expected patterns in a stable manner. 

For phase two, transient simulations are executed to evaluate harmonic distortion 

versus output level with tracking rails. The systems are simulated with both tracking 

power supplies and DC power supplies. Post processing by Fourier analysis 

determines the signal to distortion ratio. Fourier analysis is available within the 

simulation environment, and performed on the voltage waveform across the load 

resistor. 

For phase three, efficiency calculation is accomplished by post processing the 

instantaneous power monitor waveforms.  

For phase four, simulations are executed to evaluate signal attenuation versus. 

Simulations are performed with both tracking and DC power supplies. Fourier 

analysis performed on the captured output waveform determines the amplitude. 
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5.3 Evaluation of  System 1 

In the evolution of this project, the fully differential CMOS Class AB amplifier with 

full tracking rails was designed and evaluated first. Its basic functionality and 

performance were examined in great detail and shown to be excellent, but its low 

efficiency was disappointing. 

Plots of the System 1 basic functionality transient waveforms showing are shown in 

Figure 49 and Figure 50. An overview of four power rails and two output signals at 

1 kHz is shown in Figure 49. The top rectangle of the plot shows the title “PWM 

Class AB Overview” and other information in the upper left corner. The horizontal 

axis is along the top of the waveform window, and is marked in units of 

nanoseconds. Cursors 1 and 2 are vertical dashed lines which are labeled with the 

times indicated by their horizontal positions (4 ms and 0 ns). Time A is the time at 

which the simulation halted (4 ms). 

There are two sets of overlaid signals in the left column comprising Group A. A 

deficiency of the Cadence waveform display tool is its lack of a clearly scaled 

vertical axis and grid. Instead of a scaled axis and grid, one reads the instantaneous 

voltage by moving a cursor left and right. The left column shows signal names and 

their instantaneous voltages at the time indicated by Cursor 1. The top set of three 

signals is VDDPP, VOP and VSSPP. VOP is the positive signal output of the Class AB 

amplifier. VDDPP and VSSPP are the positive and negative power supplies for the 
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amplifier’s output stage. Similarly, VON, VDDPN and VSSPN are the negative signal 

output and its positive and negative power supplies. 

Initially the PWM system is disabled and the output stage is working with DC power 

supplies. After 2 ms, when the PWM rail generator is released, the power rails 

commence tracking the outputs crisply and without excessive ringing. During the 

DC interval, the dip on the DC power supplies is caused by speaker load current 

being drawn through the 1 Ohm series resistors of the LC filters. A close up of the 

PWM portion of the overview is plotted in Figure 50. The close up view shows the 

residual ripple on the power supply (after the LC filter). The minimum separation 

between output signal and tracking power supplies (at the time indicated by Cursor 

2) is about 250 mV. 
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From the time-domain view of the traces shown in Figure 50, residual ripple and 

flattening of the tracking power supply waveforms at their peaks is evident, 

compared with the signal waveform. Peak flattening in the time domain corresponds 

to odd order harmonic distortion in the frequency domain. Designing PWM audio 

systems is complex because of the difficulty of generating a harmonically pure 

waveform with a simple algorithm. The simple counter, pulse former and trigger 

comprising the UPWM tracking rail generator would not constitute an acceptable 

audio amplifier. However, the power supply rejection of the output stages allows 

the use of distorted and ripply tracking rails. We might surmise, by adding 

complexity to the tracking rail generator to lessen the observed flattening, we could 
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lessen the DC offsets between signal and tracking rails and further increase 

efficiency by reducing power dissipation. 

The System 1 basic functionality simulation is discussed further in Appendix B, with 

plots of the signals internal to the pulse width modulator. 
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Figure 51 is a plot of the inputs of the DAC through the outputs of the Class AB 

amplifier, over a 1 millisecond interval. Inputs to the DAC are the 15-bit DSIG and 

LOADN. VIP and VIN are the outputs of DAC and the differential inputs to 

ABDRIVER. VOP and VON are the outputs of ABDRIVER. A DC offset is evident 

between the op amp input and output. The offset was deliberately added to the 

D/A converter output to demonstrate how the fully differential design of ABDRIVER 

allows its output common mode, set by VCM, to be different from the common 

mode of its input signals. 
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Figure 52 is a close up view of the plot shown in Figure 51, zoomed in around the 

zero crossing of the differential outputs. LOADN and the digital words of DSIG 

become readable at this scale. The zero-order hold DAC outputs, VIP and VIN 

appear as staircases, and one can visually detect the residue of the staircases in the 

VOP and VON waveforms, after second order active filtering by ABDRIVER.  

Thus, the functionality of System 1, the fully differential tracking rail Class AB system 

has been qualitatively demonstrated. Next, the operation and efficiency of System 1 

is examined in a quantitative way. 
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Distortion versus amplitude was evaluated for System 1 versus its DC equivalent, 

with a total of forty-eight transient simulations: twelve output levels, two sinusoidal 

frequencies – 1 and 4 kHz. 

The objective of the phase 2 and phase 3 simulation suites are to quantitatively 

compare the System 1 to its DC equivalent. A separate DC system is used to remove 

any possible effects of the dip in power supply voltage seen in Figure 49. The DC 

systems were created with simple modifications to the top level schematics. For 
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instance, on the schematic page shown in “Figure 48: Close-Up: DAC, Power Amp 

and Speaker Load”, the ABDRIVER output stage power pins VDDPP and VDDPN 

were connected to DC power supplies vdda! and VSSPP and VSSPN were connected 

to gnda!. The S_PWM software was modified to hold the RELEASE signal (shown on 

the schematic page in “Figure 46: Close-Up: Signal Source and Pulse Width 

Modulator”), at the low logic state, thus disabling the PWM machine. 

Harmonic distortion is measured with the Fourier analysis tool, shown on the right 

hand side of Figure 48. It is configured with the fundamental frequency of the 

signal, and the number of harmonics to be analyzed. At the end of transient 

simulations, the Fourier analysis tool analyzes signal samples from the final time 

interval corresponding to the period of the fundamental frequency, and writes a 

table of frequency components, their magnitude and their phase to a file. The 

bottom line of the analysis file, literally, is the calculated signal to distortion ratio 

(SDR) of the inputs to the Fourier analyzer. 

Efficiency is another parameter of interest. Figure 48 showed a PowerProbe 

connected across Rload which represents the speaker. Its output, LoadPower is a 

continuous time voltage waveform, proportional to the instantaneous product of 

current through Rload and the voltage across Rload. With post processing of 

PowerProbe the average of LoadPower and total power signals over an integer 

number of cycles are calculated. The average speaker LoadPower divided by the 

average total power, multiplied by 100%, is the measured efficiency.  
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In this manner, the SDR, in dB, and efficiency, in percent, are determined for each 

transient simulation. After a suite of simulations, the results are plotted. Phase two 

evaluated harmonic distortion and efficiency versus signal output level at two 

frequencies, using a total of forty-eight transient simulations for System 1. 

Figure 53 is a graph of SDR versus amplitude at 1 kHz, comparing DC to PWM rails 

[27]. The horizontal axis is the output amplitude, expressed in dB with respect to a 

defined full-scale output (dBfs). The vertical axis is SDR, in dB, as calculated with 

the Fourier analysis tool. Figure 53 shows at most about 2-dB sacrifice in SDR when 

using tracking rails and no difference near full-scale output levels. SDR falls off 

rapidly for tracking rails sooner than for the DC system. The earlier fall-off is 

expected, because the tracking power supplies cannot quite reach the level of the 

DC power supply and ground. Also, the tracking power supplies have a residual 

ripple. The amplitude of the residual ripple further reduces the maximum output 

signal swing where the speaker driving devices remain in the saturation region of 

operation.  
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Figure 54 compares 1 kHz to 4 kHz SDR versus Amplitude performance for the DC 

system and Figure 55 compares 1 kHz to 4 kHz SDR versus Amplitude performance 

for the tracking rail system [27]. In both plots, we observe lower SDR at the higher 

frequency, but the SDR degradation is only slightly worse for the tracking rail 

system. One cause of distortion increase with frequency is the slew rate limitation of 

an amplifier. If an amplifier output can not change quickly enough keep up with its 

input, the relationship becomes non linear, which appears as harmonic distortion in 

the frequency domain.  

 

 

 

 

 

 

Figure 53 : SDR versus Amplitude at 1 kHz, Differential System 
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Harmonic distortion is less of a concern at higher frequencies than at lower 

frequencies in audio systems because more of the harmonics of higher frequencies 

fall outside the range of human hearing. 

Efficiency of System 1 did not meet expectations, as first revealed in Chapter 3. The 

explanation and solution was described in Chapter 4. Table 4 shows a partial 

summary of results for System 1, including efficiency.  

Figure 54: SDR versus Amplitude for the DC Powered System 

Figure 55: SDR versus Amplitude for Full Tracking Rails. 
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Table 4: Measured Parameters: Diff: CMOS Full-Tracking UPWM System 

Frequency, kHz Ideal Amplitude, V Amplitude, V SDR, dB Efficiency, %
1 0.68 0.676 64.1 17.9 
1 1.35 1.349 64.9 38.7 
1 1.9 1.895 64.7 51.2 
1 2.4 2.398 56.1 62.1 
4 0.68 0.674 63.1 18.1 
4 1.35 1.348 63.2 38.8 
4 1.9 1.893 61.7 50.6 
4 2.4 2.396 37.5 61.1 

 

Table 5 shows a partial summary of results for the DC equivalent of System 1, 

including efficiency. These data points are a subset of the 48 points used in Figure 

54, Figure 55 and Figure 56. 

 

 

Table 5: Measured Parameters: Diff: CMOS DC Powered UPWM System 

Frequency, kHz Ideal Amplitude, V Amplitude, V SDR, dB Efficiency, %
1 0.68 0.676 64.5 15.4 
1 1.35 1.349 64.9 30.9 
1 1.9 1.896 65.0 43.7 
1 2.4 2.397 64.3 55.1 
4 0.68 0.675 63.9 15.2 
4 1.35 1.348 63.1 30.6 
4 1.9 1.895 63.1 43.4 
4 2.4 2.395 62.2 54.6 
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Figure 56 shows plots of efficiency versus amplitude for System 1 and its DC 

equivalent at 1 kHz and 4 kHz [27]. The horizontal axis is output voltage, and the 

vertical axis is efficiency in percent. The efficiency advantage of the full-tracking rail 

system over DC appears to be only about 10% – not nearly the predicted 45%.  

 

Figure 56: Efficiency versus Amplitude for tracking rail and DC Systems 

Phase 4 simulations measure frequency response. A flat frequency response is 

desirable for audio systems. Simply stated, with good frequency response the 
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amplitude of the output is determined by the amplitude of the input, regardless of 

its frequency. With poor frequency response, low and high frequencies have lower 

output levels than mid range frequencies. For each of the phase 4 simulations, the 

amplitude of the fundamental frequency is read out of the Fourier analysis tool’s 

output file. For System 1 and its DC equivalent, thirty-two transient simulations were 

executed to evaluate signal attenuation versus frequency, at eight sinusoidal 

frequencies, with two output levels – full scale and with 4 dB attenuation. 

Frequency response was flat from 20 Hz to about 5 kHz for both 0 dBfs and -4 dBfs. 

Phase shift of the fully tracking rails spoiled performance above 5 kHz. 

5.4 Evaluation of  System 2 

The poor efficiency of System 1 motivated further research, with the initial objective 

to simply explain the difference between expected and measured efficiency. With 

the invention of the half-tracking rail concept revealed in Chapter 4, the objectives 

were changed to include designing and evaluating half-tracking rail systems. System 

2 is the first half-tracking rail powered, single ended system. 

Basic functionality of System 2 is demonstrated by Figure 57. 
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Figure 57: DC and UPWM Half Tracking Rails - Bipolar Amplifier Output 

The simulation begins with DC power rails, and then the UPWM generator is 

released after several cycles. There is no “dip” in the DC rail voltage because the 1 

Ohm series resistor was removed from the LC filter. The underdamped ringing upon 

tracking rail startup slightly and temporarily interferes with the output signal, but 

quickly settles. Figure 58 shows a 2 V, 10 kHz simulation with the final UPWM 

system. The sizing of PWM switch sizes effectively damped the ringing that was 

shown in Chapter 4, Figure 32. Ringing has been attenuated enough not to interfere 

with the 1.5 V headroom. 
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Figure 58: Less Ringing, Tracking Rails with Optimized Switches at 10 kHz 

Fewer simulations were performed to show equivalent performance and superior 

efficiency for the half-tracking rail systems. Results for System 2 are displayed in 

Table 6. Comparing the Amplitude and Ideal Amplitude columns reveals adequate 

performance compared to the full-tracking system, with respect to frequency 

response and SDR versus amplitude. The exciting results are that measured 

efficiency nearly matches expected efficiency, as shown in Figure 59. Several extra 

simulations were run at 10 kHz to determine 8.25 V is the amplitude point at which 

distortion begins increases. Table 6 indicates nearly flat frequency response at 1 and 

10 kHz, and similar SDR versus amplitude between 1 and 10 kHz. 
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Table 6: Measured Parameters from Bipolar Half-Tracking UPWM System 

Frequency, kHz Ideal Amplitude, V Amplitude, V SDR, dB Efficiency, %
1 2 2.00 80.4 44.2 
1 3.5 3.50 81.0 59.4 
1 7.25 7.25 81.9 74.8 
1 8.25 8.25 76.6 76.8 
10 2 2.00 60.4 44.6 
10 3.5 3.50 60.8 60.2 
10 7.25 7.24 62.2 74.7 
10 8.25 8.24 60.4 76.6 
10 8.5 8.48 40.2 77.0 
10 9 8.9 30 78.1 

 

System 2 efficiency is displayed graphically in Figure 59. Half-tracking rails provide 

nearly the ideal expected efficiency. The small differences between ideal and 

measured efficiency can be mostly explained as follows. The predicted efficiency 

equation (2.7) assumes 100% efficiency in the PWM generators. In reality, each 

UPWM rail generator has only about 98% efficiency, as was measured in section 2.3. 

At least one UPWM rail generator is always active, which accounts for 2%. Both 

UPWM rail generators are active while the output voltage is near zero. The fraction 

of a cycle when both generators are active increases for low level signals, which 

accounts for the larger efficiency discrepancy at lower amplitudes. Finally, while the 

output voltage is near zero, the LC filters are not well matched to their effective load 

resistance, as was explained in section 4.1, which increases the power dissipation in 

the PWM switches. 
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Figure 59: Efficiency at 1 and 10 kHz: Half-Tracking Rail BJT Class AB Amp 

Harmonic distortion and frequency performance of System 2 was checked at several 

amplitude points, at 1 and 10 kHz, and seen to be equivalent to performance of the 

fully differential system. Two additional interesting parameters were evaluated for 

System 2 – power supply rejection, and rejection of PWM switching frequency 

components. 
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Power supply rejection was measured by setting the output amplitude to 0 V on a 

DC level of 2.5 V, putting a 1 V signal of various frequencies on the DC power 

supply, and using Fourier analysis to measure the ripple component in the ideally 

DC output. The amplitudes of five harmonics of the ripple frequency were 

combined as 2

1
( )

n

nMag∑ , where nMag is the magnitude of the nth harmonic of the 

ripple frequency. The test frequencies were 217 Hz, 1 kHz, and 10 kHz. (Rejection 

of 217 Hz power supply interference is a major concern with cell phone terminals, 

which have considerable power supply ripple at the transmit/receive frame rate. 

[34]) PSRR results are displayed in  

Table 7. 

Table 7: PSRR of Half-Tracking Bipolar System 

Frequency, Hz Output, µV PSRR, dB 

217 2.2 113 

1000 0. 813 813 

10000 15.6 96 

 

Thus, small fluctuations of DC power supplies have been shown to not be a 

concern with the tracking rail powered Class AB system, whereas it is a serious 

issue with Class D amplifiers. 
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The presence of PWM switching components in the output signal is a concern with 

Class D systems[9-10, 12, 14-17, 21-24]. However, for the tracking rail Class AB 

systems, residual switching ripple in the tracking rails is further attenuated by the 

PSRR of the amplifier. Measuring the switching component in the signal output of 

the half-tracking bipolar system was done as follows. With a signal frequency of 5 

kHz, the 1.25 MHz PWM rate happens to be its 250th harmonic. The Fourier analysis 

tool was set up for a fundamental frequency of 5 kHz, and to analyze 250 

harmonics. With a 7.25 V amplitude output signal, the 1.25 MHz component 

contains the residual PWM switching ripple leaking through to the output as well as 

negligible 250th order harmonic distortion. Fourier analysis measured 1.5 mV as the 

1.25 MHz component, which is 73.326 dB below the signal. 

5.5 Evaluation of  System 3 

System 3 is a single ended CMOS Class AB amplifier powered by half-tracking rails. 

It was designed and evaluated to demonstrate the performance and efficiency 

improvement with half-tracking power rails does not somehow depend on bipolar 

technology or wide output swing. System 3 performance and efficiency motivate 

modification of System 1 to use half-tracking rails for fully differential applications. 

Fewer System 3 simulations were executed than for Systems 1 and 2, and the results 

are presented in this section. Results for System 3 are displayed in Table 8. 

Comparing the Amplitude and Ideal Amplitude columns reveals adequate 

performance compared to System 1, with respect to frequency response and SDR 



 

 130

versus amplitude. Extra simulations were run at 10 kHz to determine 2.25 V is the 

amplitude point at which distortion increases. Table 8 indicates nearly flat frequency 

response at 1 and 10 kHz, and similar SDR versus amplitude between 1 and 10 kHz. 

The efficiency measured at 2.5 V amplitude is not applicable because the output 

waveform is severely distorted. 

Table 8: Measured Parameters from CMOS Half-Tracking UPWM System 

Frequency, kHz Ideal Amplitude, V Amplitude, V SDR, dB Efficiency, %
1 0.5 0.5 61.2 22.5 
1 1.5 1.50 65.0 50.1 
1 2.25 2.249 67.1 69.1 
1 2.5 2.497 42.9 N/A 
10 0.5 0.497 35.8 22.5 
10 1.5 1.498 40.5 50.0 
10 2.0 2.000 42.2 61.8 
10 2.25 2.247 38.4 69.0 
10 2.5 2.497 32.3 N/A 

 

System 3 efficiency is displayed graphically in Figure 60. Half-tracking rails provide 

nearly the ideal expected efficiency. The small difference between ideal and 

measured efficiency is comparable to the difference found with System 2.  
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Figure 60: Eff: at 1 and 10 kHz: Half-Tracking Rail CMOS Class AB Amp 

This concludes the discussion of top level simulations and results. Chapter 6 

presents a hardware prototype of a full-tracking rail system, its characterization and 

results. 



 

 132

C h a p t e r  6  

HARDWARE PROTOTYPE FOR THE TRACKING 

RAIL CLASS AB SYSTEM 

Chapter 6 presents and discusses a hardware prototype of the full tracking rail 

system which has been built up from discrete components including an FPGA 

realization of the PWM block. The first section presents its block diagram, and the 

second section presents and discusses test results and oscilloscope plots of the 

system in operation. 

6.1 Block Diagram of  the Prototype Circuit 

A prototype system from discrete components has been built to prove the PWM 

tracking rail concept for a single ended amplifier. See Figure 61 [27]. The author’s 

contribution to this effort is the system concept and the original RTL code for the 

PWM Circuit, with contribution to the prototype development by Professor Rich and 

his students [27]. 

The prototype description and discussion is included because it constitutes a proof 

of the PWM tracking rail concept beyond simulation. Digital audio signals from a 
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CD player are input as S/PDIF data to the Crystal Semiconductor Emulation Board. 

The Crystal Emulation board includes a D/A converter to create the analog signal 

sent to the discrete op amp, and provide the digital signal input to the controller. 

The controller interfaces the audio data from the Crystal Emulation Board to the 

PWM circuit, converting the data from two's complement to offset binary format. A 

data delay aligns the digital data signal to the analog signal from the Crystal Board’s 

D/A converter. 
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Figure 61: Hardware Prototype Block Diagram 
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The digital portion of the PWM circuit was implemented using a Xilinx XC2S50 

FPGA, which is a low-cost FPGA implementing up to about 50,000 equivalent logic 

gates. The PWM circuit loads the audio data from the controller circuit, and counts 

down to trigger levels to generate the pulse stream. The PWM circuit outputs the 

PWM bit stream for the upper and lower power-rails of the amplifier.  

The FPGA was programmed using the Xilinx Foundation ISE software, which 

compiles synthesizable Verilog HDL files into a programming file which is 

downloaded into the FPGA. The Verilog input describing the PWM circuit and 

associated control consists of approximately 300 lines of code. The logic compiled 

from the PWM code consumes about 25% of the capacity of the XC2S50 FPGA. 

There are several limitations to the prototype system. The prototype PWM system 

clock frequency is 11.5 (rather than the 45.5 MHz of the simulated system) because 

of the FPGA maximum of 15 MHz. The UPWM scheme used is slightly different 

from the scheme of the simulated system, because of the available functions within 

the FPGA. The lower PWM bit rate necessitated a lower-frequency reconstruction 

filter. For ease of assembly and flexibility for experimentation, active filters were 

used instead of LC filters. The filters were 4th order Butterworth with corner 

frequency at 10 kHz. Thus, the bandwidth of the prototype was limited to about 5 

kHz. Since the tracking rails are powering a discrete op amp, and not just the 

driving stage of a Class AB amplifier, the headroom of the op amp limits the VDD – 

signal, and signal – VSS potentials. 
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6.2 Prototype System Measurement Results 

Figure 62 through Figure 64 are copied from oscilloscope plots of the prototype 

system’s outputs and the PWM tracking rails [27]. 

 

 

 

 

 

 

 

 

 

 

 

 

 

Figure 62: 1 kHz Waveform and Tracking Rails 

Figure 63: 400 Hz Burst Output and Tracking Rails 
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Figure 64: 400 Hz Square Wave Output and Tracking Rails 
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C h a p t e r  7  

CONCLUSIONS AND RECOMMENDATIONS 

7.1 Goal: High Efficiency System without PWM 

Shortcomings 

The motivation behind the dissertation project is to create a power amplifier system 

rivaling pulse width modulation in efficiency but overcoming the deficiencies of 

PWM. Efficiency is important, not only for extending battery life, but to decrease 

heating due to excess power consumption, and by eliminating heat sinks, reduce 

the size and weight of power amplifiers. 

Traditional PWM systems have high efficiency, but are plagued with shortcomings. 

Generally, PWM systems require a high repetition rate for high fidelity output. A 

digital UPWM system requires an extremely high clock rate to achieve fine 

resolution of discrete pulse widths at the high repetition rate. For the majority of 

applications the signal source is digital, so an analog NPWM system must have a 

D/A converter and smoothing filter prior to its comparator. For both types, a 

compromise must be made between distortion due to switch dead time and the risk 
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of crowbar current. The power switches provide absolutely no power supply 

rejection. The reconstruction filter operates open-loop, making correction of 

nonlinearities impossible. Phase shift and group delay of the reconstruction filter 

make PWM unattractive for use in control systems. Finally, PWM systems must meet 

FCC radiation requirements. Speaker wires act as antennas, so radiation from the 

residual high power switching frequency components on the speaker signal forces 

the speaker to be contained in the same box as the amplifier. In sum, the traditional 

PWM system is not simply an assemblage of components, but a finely tuned analog 

entity. From the regulated DC power supply through the traces on the printed 

circuit board to the speaker and the enclosure each part of the system must be 

tuned. Although digital circuitry is used, the system must be approached with an 

analog system point of view. 

7.2: Goals Met by Half-Tracking Rail UPWM System 

The system is stable, powers up, and switches operating modes and powers down 

smoothly without glitches, overshoot or ringing. The frequency response with 

tracking power supplies is nearly identical to the frequency response with DC 

power supplies. There is an increase in harmonic distortion with tracking power 

supplies, but its signal to distortion ratio is far above the 50 dB requirement for a 

typical portable audio device [34]. The PWM power switches, in series with the 

passive filters, reduce the headroom of the driving devices. The reduced headroom 
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reduces the dynamic range, and the output level where signal to distortion begins to 

sharply decrease is 1 dB lower with tracking rails than with DC power. 

The Class AB amplifier with half-tracking power rails from a simple UPWM D/A 

converter has efficiency much higher than a DC powered Class AB amplifier. 

Efficiency of the simulated system as shown in Chapter 4 nearly matches the 

expected efficiency as calculated in Chapter 2. Harmonic distortion and frequency 

response performance criteria were adequately met. The system’s PSRR and its 

output signal’s freedom from switching frequency components are very positive 

qualities. 

The system eliminates the shortcomings of PWM power amplifiers. Because of high 

PSRR, the tracking rails do not need high fidelity. They are only required to power 

the amplifier’s driving devices in their linear operating region. Thus, the repetition 

rate may be much lower than the repetition rate of a traditional PWM system. 

Distortion due to excessively conservative switch control dead time is not an issue. 

Also, fine pulse width resolution is not required. As a result, the PWM clock 

frequency (80 MHz) is much lower than that of a high fidelity UPWM system, and 

on the order of the clock frequency of a high fidelity delta sigma modulator D/A 

converter. The tracking rail generator operates on the same digital signal as the 

audio D/A converter, after up-sampling and interpolation. Concerns with PWM 

power supply rejection, nonlinearities of the reconstruction filter, its phase shift and 

group delay are also eliminated. The PWM switching frequency components are not 

present to any significant degree in the output signal to the load, so high frequency 
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radiation from speaker wires is not a problem. The system has been demonstrated 

to work with a wide voltage swing bipolar amplifier as well as a low voltage CMOS 

amplifier. From the manufacturing point of view, the system should be much easier 

to assemble than its PWM counterpart, with much less stringent requirements on the 

power supply regulator, PC board layout, or enclosure. 

7.3: Shortcomings of  the Half-Tracking Rail UPWM 

System 

The frequency response of the LC filter depends on the load resistance. The 

inductor and capacitor values must be chosen to match the load. The LC filter sees a 

time varying load in the power supply inputs of the amplifier. For a 10 kHz 

bandwidth, with a 1.25 MHz PWM rate, and a 10 kOhm ballast resistor, the 

minimum load resistance was limited to 400 Ohms. A practical audio amplifier must 

be capable of driving an 8 Ohm load. 

7.4 Recommendations for further work 

7.4.1: Recommended System Improvements  

Future improvements to the system should begin with solving the problems caused 

by the time varying load resistance seen by the LC filter. A possible solution would 

be to replace the 10 kOhm ballast resistor with a dynamic resistance somewhat 

inversely proportional to the input resistance of the amplifier power supplies. Once 
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the time varying resistance problem is solved, the system should be modified to 

drive speaker loads as low as 8 Ohms, and the frequency bandwidth increased to 20 

kHz. 

7.4.2: System Block Diagrams 

The simulation results and hardware prototype operation show the tracking rail 

Class AB systems are realizable as integrated circuits with several discrete 

components. Figure 65 shows the suggested system integration with a bipolar 

amplifier. 

A CMOS integrated circuit comprises the up-sampling and digital interpolation filter, 

the delta sigma modulator D/A converter, and the UPWM circuit, up to and 

including the break-before-make circuitry. The CMOS integrated circuit also includes 

the phase-locked-loop for clock generation and band gap reference voltage 

generator. It also would include the dynamic load solution to the time-varying 

resistance problem. The pulse streams exit the CMOS I.C. to discrete level shifters 

and the power MOSFET switches. 

A custom bipolar op amp (with separated power supplies for the driving stage) is 

shown as a separate package. It might be worthwhile to consider using a standard 

packaged op amp and designing an external driving stage from discrete transistors 

powered by the tracking rails. 
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The LC filter components should be placed as near as conveniently possible to the 

power pins of the amplifier driving stage. 

 

 

 

 

 

 

 

Figure 66 shows the suggested system integration with a CMOS amplifier.  
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The CMOS amplifier is integrated onto the CMOS I.C. and only the level shifters, 

PWM switch and LC filter are external. 
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Appendix A: Matlab Simulink UPWM Model 

The design phase of the UPWM tracking rail Class AB system began with creating 

and evaluating a mathematical model to explore the feasibility of using a digital 

counter as a simple UPWM modulator to generate tracking the set of tracking rails. 

The modeling effort is straightforward using the Matlab/Simulink tool kit. This 

appendix begins with a narrative description explaining the overall operation of the 

model followed by a detailed description of the model. 

The input to the model is an analog waveform which is converted to a digital signal 

input to the pulse width modulation (PWM) D/A converter. The outputs of the PWM 

D/A converter represent the tracking rails of the audio power amplifier. A delayed 

version of the input analog waveform represents the output of an audio D/A 

converter and power amplifier. 

In addition to the 8-bit wide digital signal derived from the analog input waveform, 

the other main inputs to the PWM DAC Simulink model are an audio sample clock 

and a high speed clock. The main outputs are four pulse streams, corresponding to 

Vdp, Vsp, Vdn and Vsn of Figure 67. The digital words are loaded into a counter by the 

audio sample clock. The leading edges of output pulses for all output pulse streams 

occur as the audio sample is loaded. For Vdp and Vsp the leading edges are rising-

edges. To achieve opposite phase and symmetry, the leading edges of the pulse 
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streams for Vdn and Vsn are falling-edges. The state of the counter decreases by one 

on each pulse of the high speed clock. There is a fixed trigger value associated with 

Vdp and Vdn, and another trigger value associated with Vsp and Vsn,. As the counter 

state reaches a trigger value, the trailing edge is formed for its associated pulses. 

Thus all the pulses have concurrent leading edges and have trailing edges which 

depend on the value of the audio sample and the trigger values. A large audio 

sample results in a wide pulse and a small sample results in a narrow pulse. The 

pulses are positive for Vdp and Vsp and negative for Vdn and Vsn. The difference 

between trigger values results in a fixed pulse width difference between Vdp and 

Vsp, and between Vdn and Vsn output pulse streams. Once the counter state reaches 

zero it remains there until the next audio sample is loaded, then the process 

continues. The frequency of the high speed clock determines the resolution of the 

pulse width edges. 

The pulse streams go to continuous time filters which transform the pulse streams 

into analog waveforms. While a pulse is high the filter output rises and conversely, 

while a pulse is low the filter output falls. The pulse repetition rate and the filter 

characteristics determine how much “wiggle” remains on the filter outputs. The 

fixed offset between widths of the pulse streams results in a nearly constant DC 

offset between filter outputs. The trigger level difference was chosen to result in a 
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DC offset suitable for two MOSFET VDS voltage drops with the analog signals output 

centered between their tracking waveforms. 

The Simulink block diagrams appear in Figure 67 to Figure 70 and are described 

now in detail. Figure 67 is the top-level block diagram. The five shaded blocks, 

labeled PWM and PWM2Analog, comprise the UPWM system. The other blocks 

shown on this page produce or process the input and output signals. The 

SinSamples block creates the digital signal stream from the continuous time analog 

input signal.  

The test signal is a frequency chirp. In Matlab parlance, this is a continuous-time 

signal with a starting frequency, time duration and an ending frequency. The chirp 

signal is scaled by 0.5, resulting in a 1 Volt peak-to-peak signal, routed to the A/D 

converting SinSamples block and also to a summing junction which offsets it by 

0.125. The “Transport Delay” block emulates the D/A converter and Class AB 

amplifier for this model. The delayed signal with its inversion, form a differential 

output signal. The delay is adjusted to align the output signal with the PWM tracking 

rail signals. 

The input signal is digitized to eight bits in the SinSamples block and the resulting 

sequence of 8-bit samples is input to the DATA[7:0] port of the PWM block. The 

pulse signal block labeled LD is the audio rate sample clock, and the pulse block 

labeled CLK is the high speed clock for the counter inside PWM. The PWM block 

converts the audio samples into streams of pulses modulated by the values of the 
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audio samples. Two bit streams, PWM0 and PWM10, are output from the PWM 

block. The PWM10 stream pulses have widths, a fixed interval longer than those of 

PWM0, corresponding to a counter trigger value 10 counts higher than the PWM0 

and resulting in a DC offset between the waveforms. These two bit streams are 

inverted into their opposite phases by the “NOT” blocks.. The four bit streams pass 

through the shaded analog filters. 
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The blocks labeled “To Workspace” deliver signals from Simulink to the Matlab 

environment. Further processing and plotting is done from within the Matlab 

environment. The various blocks labeled “Terminator” are attached to block outputs 

which were used in development and debugging, but then were no longer needed. 

Attaching these outputs to terminators eliminates Matlab errors and warnings. 

The internal view of the SinSamples block is shown in Figure 68. On the rising edge 

of LD, the continuous analog input is quantized to a double floating-point variable. 

The output needs to be type-converted from double to integer, to satisfy the 

requirements of the “Integer to Bit Converter” block. The Bit Reverser swaps the 

order to MSB first so that the output bytes are in the commonly known offset binary 

format. 

The PWM block diagram is shown in Figure 69. It includes an 8-bit Data Latch, a 

Counter, and two state machines blocks labeled Chart and Chart1. The high speed 

CLK latches in the audio sample and makes it available to the COUNTER for the 

next LD falling edge. The lower speed LD clock operates at the audio sample rate 

and loads the audio sample into the COUNTER. 
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A falling edge on LD initializes the COUNTER to the value of the audio sample and 

causes the state machines to form the leading edge of the PWM pulses. Outputs 

TEN and ZERO are asserted on the high speed CLK edge at which the value of the 

COUNTER states reach ten and zero respectively. When TEN and ZERO are 

asserted, the state machines form the trailing edges of PWM10 and PWM0. Thus, the 

pulse widths PWM10 and PWM0 are proportional to the initial COUNTER value, 

with a 10 LSB offset. 

Figure 70 shows details of the analog filtering done on the pulse streams. They have 

a gain of two, 20 kHz corner frequency and Q of 1/ 2  for a Butterworth 

characteristic. (The Butterworth characteristic was chosen to keep the spectrum as 

flat as possible in the pass band.) 
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A close-up of the transient response to the chirp signal is shown in Figure 71. 

 

 

 

 

 

 

 

 

The differential output signals are the smooth traces. Two tracking power supply 

rails surround each signal trace. We observe the power rails track the phase and 

amplitude very well as the frequency increases over the simulation time interval. 

These simulations demonstrate the feasibility of using this algorithm to design the 

low-power analog system.

Figure 71: Simulink Model Transient Response to Chirp Signal 
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Appendix B: Details of  Fully Differential 

Schematics 

Appendix B presents details of the CMOS fully differential UPWM powered full 

tracking rail Class AB system. Appendix B also includes further plots and discussion 

of basic functionality simulations. 

Appendix B.1.1 Signal Source 

The schematic of the Signal Source block appears on Figure 72. Source code, 

written in the Verilog or Verilog-AMS language appears in Appendix C. The Signal 

Source block is not part of the IC, but provides signals which would be external to 

the IC. 

The D_PWM block on the left of the page is the digital control driver, represented 

by the digital Verilog model D_PWM.v in Appendix C-1. The digital signals EN, 

RELEASE and RESETN, provided by D_PWM would normally come from off chip. 

Outputs TRIG0V<7:0>, TRIG1V<7:0>, TRIG2V<7:0> and TRIG3V<7:0> and 

OFFSET<7:0> set the four trigger levels and overall offset of the trigger levels of the 

counter within the pulse width modulator. As the pulse width modulator was 

developed, it was found that more precise control was needed over the voltage 

distance between the tracking power rails and the audio signal.  
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Four triggers were needed for the fully differential system. For the single ended 

systems, only two triggers were used. For convenience, an extra degree of freedom 

in controlling the counter, and therefore the tracking rails, was obtained by way of 

the OFFSET<7:0> bus. The trigger and offset control buses would normally come 

from control registers controlled by either a serial or parallel interface. 

The D_CLK block (D_CLK.v in Appendix C-2) generates the high-speed clock. 

Normally, the high-speed clock would come from an oscillator and phase locked 

loop, whether on chip or off chip. 

In the middle of Figure 72, the LD_L_INTRFC is the state machine which creates 

LOAD pulses. Starting from the rising edge of input signal RESETN it counts CLK 

pulses to time the forming of output pulses. It is represented by synthesizable 

Verilog code LD_L_INTRFC.v in Appendix C-3. Its three output signals trigger the 

audio DAC, the PWM DAC and the digital signal source at the audio sample rate. By 

synthesizable Verilog code it is meant the LD_L_INTRFC.v file can be processed by 

a digital design compiler program to generate a complete design of the 

LD_L_INTRFC block, right down to the interconnection of logic gates. The logic 

gates themselves would be chosen from a library of standard digital cells such as 

AND, OR and INVERT gates or flip flops. 

The digital signal is created by connecting continuous-time analog voltage source, 

VTEST, to the ideal A/D converter ADC16. Represented by the analog behavioral 
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model, ADC16.vams, in Appendix C-4, the A/D converter outputs a sixteen bit 

digital word. The top eight MSBs go to the PLATCH register, which delays its output 

to the PWM to align the PWM tracking rails with the amplifier output. PLATCH.v is 

synthesizable Verilog code appearing in Appendix C-5. 

Appendix B.1.2 PWM 

The internal view of the PWM block appears on page Figure 73. The following 

digital blocks appear there and their synthesizable Verilog code is in Appendix I. 

DLATCH (Appendix C-6) is similar to PLATCH described in section 3.1.2 and is also 

used for aligning the tracking rails to the output signal. 

COUNTER, represented by the synthesizable Verilog code in COUNTER.v 

(Appendix C -7), includes a single digital down-counter with four independently 

programmable trigger points, a programmable offset count, a data and load port, a 

high-speed clock input and an enable input. As its COUNT state reaches a trigger 

level plus offset, the TRIG output corresponding to that particular trigger level is 

pulsed for one high-speed clock cycle. COUNT<8:0> is brought out of the 

COUNTER block, and out of the PWM block up to the top level only for debugging 

convenience and is not used elsewhere in the system. 

The four PULSER blocks, represented by synthesizable Verilog code PULSER.v 

(Appendix C -8) along the bottom of Figure 72 are state machines using the TRIG 

outputs of COUNTER along with the LOADN and CLK signals to form the leading 
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and trailing edges of the PWM pulses. The falling edge of LOADN creates the rising 

edge of PWM (falling edge of PWMN). While PWM is set high, a rising edge of TRIG 

creates the falling edge of PWM (rising edge of PWMN). A low level on RESETN 

forces PWM low (PWMN high). A low level on SETN forces PWM high (PWMN 

low). 
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Built-in flexibility such as this allows four identical PULSERs to be placed in the 

layout, and their functions differentiated by their connectivity. The powering mode 

of the audio amplifier either with DC or tracking rails can be selected by means of 

the RELEASE signal. With the PULSERs connected as shown, the PWM outputs will 

be held high (and PWMN low) such that the VDD rails are connected to vdda! and 

the VSS rails to gnda!, when RELEASE is low. When RELEASE is high, the PWM 

signals are “released” to create the tracking rails. As mentioned earlier, there is no 

physical counterpart to the PWM_ASP block (which converts logic signals to 

electrical analog waveforms). The PWM_ASP.vams code is included in Appendix C-

9. 

Appendix B.2 Internal Signals from Fully Differential System Verification 

Next, we will examine the essential signals throughout the system hierarchy. Figure 

74 is a plot of the digital signal inputs over a 27 microsecond interval. DSIG is the 

16-bit digital audio data stream. CLK22MHZ is the high speed clock to the 

COUNTER. LOADN has low pulses which load the data word into the COUNTER. 

The TRIG and OFFSET values shown control the relative positioning of the tracking 

power supplies and the signals. RELEASE = 1 indicates the PWM system is 

operating. The enable (EN) and RESETN signals are also shown. Figure 74 includes 
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only digital signals, which are displayed only as 1 or 0, not as continuous voltage 

levels. 

Figure 75 is a plot of the COUNTER in operation over about 1 microsecond. The 

low pulse on LOADN loads the COUNTER. Its state, COUNT immediately changes 

from 0 to 129 (DATA = 65, plus OFFSET = 64, equals 129). COUNT reduces by one 

on each CLK. As COUNT reaches the TRIG0V value of 114, the TRIG[0] output 

pulses for one clock cycle. COUNT continues to reduce and as other TRIG values 

are reached, their corresponding outputs are pulsed. 

Figure 76 is a plot of the PULSER in operation over about 12 microseconds. On the 

falling edge of LOADN, each PWM begins its leading edge. PWM[3:2] are negative 

pulses and PWM[1:0] are positive. Rising edges on TRIG[3:0] cause the 

corresponding trailing edges of PWM[3:0]. Thus, the pulses are formed with widths 

proportional to the digital input signal, quantized in time to the resolution of one 

clock period. 

Figure 77 is a plot of the passive PFIL filter signals over a 250 microsecond interval. 

The raw PWM bit streams RawPWM[3:0] are digital signals with logic values 1 or 0. 

As explained in Chapter 3, they are symbolically “transformed” to analog waveforms 

with finite slopes and voltages. Subsequently, they go through the break before 

make logic, and the buffering stages to the FET power switches. VPP, VSP, VPN and 

VSN are the nodes connecting the PFIL inputs to the FET power switches of 

PWM_SWITCH. VDDPP, VSSPP, VDDPN and VSSPN are the PFIL outputs, the signal 



 

 165

tracking power supplies. VDDPP and VSSPP power the P-side speaker driver, while 

VDDPN and VSSPN power the N-side driver
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Appendix C: Source Code 

 



 

171: Appendix C - 1: D_PWM 

Appendix C - 1: D_PWM Behavioral Verilog Source Code 

 

// Verilog HDL for "T_BENCHES", "D_PWM" "verilog" 
// Compile with: 
//   ncvlog D_PWM.v -work T_BENCHES -view verilog 
// 
// Adjusting rails with OFFSET and TRIG[3:0]: 
// OFFSET Increase OFFSET to shift VDDPP and VSSPP down, VDDPN and 
VSSPN up. 
//   dVDDPP/dOFFSET = dVSSPP/dOFFSET = -10 mV/LSB 
//   dVDDPN/dOFFSET = dVSSPN/dOFFSET = +10 mV/LSB 
//  TRIG3V controls VDDPP. Increase TRIG3V to increase VDDPP setpoint 
//   dVDDPP/dTRIG3V = 11 mV/LSB 
//  TRIG2V controls VSSPP. Decrease TRIG2V to decrease VSSPP setpoint 
//   dVSSPP/dTRIG2V = 11 mV/LSB 
//  TRIG1V controls VDDPN. Decrease TRIG1V to increase VDDPN setpoint 
//   dVDDPN/dTRIG1V = -10 mV/LSB 
//  TRIG0V controls VSSPN. Increase TRIG0V to decrease VSSPN setpoint 
//   dVSSPN/dTRIG0V = -10 mV/LSB 
// 
 
module D_PWM (EN, RESETN, RELEASE, TRIG3V, TRIG2V, TRIG1V, TRIG0V, 
OFFSET); 
 output EN; 
 output RESETN; 
 output RELEASE; 
 output [7:0] TRIG3V; 
 output [7:0] TRIG2V; 
 output [7:0] TRIG1V; 
 output [7:0] TRIG0V; 
 output [7:0] OFFSET; 
  
 reg EN, RESETN, RELEASE; 
 reg [7:0] TRIG3V; 
 reg [7:0] TRIG2V; 
 reg [7:0] TRIG1V; 
 reg [7:0] TRIG0V; 
 reg [7:0] OFFSET; 
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 initial begin 
  RESETN <= 1'b0; 
  EN <= 1'b0; 
  RELEASE <= 1'b0; 
  TRIG3V <= 8'd151; 
  TRIG2V <= 8'd69; 
  TRIG1V <= 8'd104; 
  TRIG0V <= 8'd193; 
  OFFSET <= 8'd128; 
 
  #46 RESETN <= 1'b1; 
    EN <= 1'b1; 
  #500000 RELEASE <= 1'b1; end 
 
endmodule 
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Appendix C - 2: D_CLK Behavioral Verilog Source Code 

 

// Verilog HDL for "T_BENCHES", "D_CLK" "verilog" 
 
 
 
module D_CLK (CLK); 
 output CLK; 
   
 reg CLK; 
 
 initial CLK <= 1'b0; 
  
 always #11 CLK <= ~CLK; // for 45.5 MHz clock 
  
endmodule 
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Appendix C - 3: LD_L_INTRFC Behavioral Verilog Source Code 

 

// Verilog HDL for "T_BENCHES", "LD_L_INTRFC" "verilog" 
 
module LD_L_INTRFC (CLK, RESETN, LD_ADC, LD_L_DAC, LD_L_PWM); 
 input CLK; 
 input RESETN; 
 output LD_ADC; 
 output LD_L_DAC; 
 output LD_L_PWM; 
  
 wire CLK, RESETN; 
 reg LD_ADC; 
 reg LD_L_DAC; 
 reg LD_L_PWM; 
  
 integer count; 
  
 initial begin 
  count = 0; 
  LD_ADC <= 1'b1; 
  LD_L_DAC <= 1'b1; 
  LD_L_PWM <= 1'b1; 
 end 
  
 always @(negedge CLK or negedge RESETN) begin 
  if (RESETN == 1'b0) begin 
   #1 LD_ADC <= 1'b1; 
   LD_L_DAC <= 1'b1; 
   LD_L_PWM <= 1'b1; 
   count <= 1'b0; 
  end 
  else begin 
   count = count + 1; 
   if (count == 1) begin 
    #1 LD_L_DAC <= 1'b0; 
    LD_L_PWM <= 1'b0;  
   end  
   else if (count == 2) 
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    #1 LD_ADC <= 1'b0;     
   else if (count == 3) begin 
    #1 LD_L_DAC <= 1'b1;  
    LD_L_PWM <= 1'b1; 
   end 
   else if (count == 258) begin // 176.9 kHz PWM DAC 
    #1 LD_L_PWM <= 1'b0; 
   end 
   else if (count == 260) begin 
    #1 LD_L_PWM <= 1'b1; 
   end 
   else if (count == 515) begin // 176.9 kHz PWM DAC 
    #1 LD_L_PWM <= 1'b0; 
   end 
   else if (count == 517) begin 
    #1 LD_L_PWM <= 1'b1; 
   end 
   else if (count == 772) begin // 176.9 kHz PWM DAC 
    #1 LD_L_PWM <= 1'b0; 
   end 
   else if (count == 774) begin 
    #1 LD_L_PWM <= 1'b1; 
   end 
   else if (count == 1028) begin // 44.2 kHz ADC 
    #1 LD_ADC <= 1'b1; 
    count = 0;       
   end 
   else count <= count; // Hold on 
  end       
 end 
endmodule 
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Appendix C- 4: ADC16 Analog Behavioral Verilog-AMS Source 

Code 

 
//Verilog-AMS HDL for "T_BENCHES", "ADC16" "verilogams" 
//   FUNCTION: Analog to Digital Converter 
//   VERSION: $Revision: 2.10 $ 
//   AUTHORS: Modelwriter Standard Library 
//        Cadence Design Systems, Inc. 
// 
// GENERATED BY: Affirma Modelwriter 2.23 
//      ON: Thu May 09 18:28:28 EDT 2002 
// 
// Description: Ideal Analog to Digital Converter 
//  Generates an N bit ADC.  
//   - selectable logic output levels 
//   - model valid for negative values of vmin 
//   - adjustable conversion time, and rise/fall time 
//  
// PARAMETERS: 
//  tconv = Delay from threshold crossing to output change [S] 
//  trise = Rise time for digital output signals [S] 
//  vmax = ADC Full scale output voltage [V] 
//  vmin = ADC Zero scale output voltage [V] 
//  
 
`include "constants.vams" 
`include "disciplines.vams" 
`define NUM_ADC_BITS  16 
`define tconv #1 
 
module ADC16 (vin, clk, dout); 
 input  vin, clk; 
 electrical vin; 
 logic clk; 
 
 output [`NUM_ADC_BITS-1:0] dout; 
 reg [`NUM_ADC_BITS-1:0] dout; 
 
 parameter real vmax = 1.0; 
 parameter real vmin = -1.0; 
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 parameter integer traceflag = 0; 
 
 real sample, vref, lsb, voffset; 
 reg [0:`NUM_ADC_BITS-1] vd; 
 integer i, ii, binvalue; 
    
 initial begin 
  vref = (vmax - vmin) / 2.0; 
  lsb = (vmax - vmin) / (1 << `NUM_ADC_BITS) ; 
  voffset = vmin; 
  if (traceflag) 
  $display("%M ADC range ( %g v ) / %d bits = lsb %g volts.\n", 
        vmax - vmin, `NUM_ADC_BITS, lsb ); 
  for (i = `NUM_ADC_BITS-1; i >= 0; i = i-1) begin       
   vd[i] = 0 ; 
  end 
 end 
 
 always @(negedge clk) begin 
  binvalue = 0; 
  sample = V(vin) - voffset; 
  for ( ii = `NUM_ADC_BITS -1 ; ii>=0 ; ii = ii -1 ) begin 
   vd[ii] = 1'b0; 
   if (sample > vref ) begin 
    vd[ii] = 1'b1; 
    sample = sample - vref; 
    binvalue = binvalue + ( 1 << ii ); 
   end 
   else begin 
    vd[ii] = 1'b0; 
   end 
   sample = sample * 2.0; 
  end 
  if (traceflag) 
   $strobe("%M at %g sec. digital out: %d  vin: %g (d2a: %g)\n", 
         $abstime, binvalue, V(vin), (binvalue*lsb)+voffset); 
  for (i = `NUM_ADC_BITS-1; i >= 0; i = i-1) begin       
   #1 dout[i] <=  vd[i]; 
  end 
 end 
endmodule 
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`undef NUM_ADC_BITS 
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Appendix C - 5: PLATCH Synthesizable Verilog Source Code 

 
// Verilog HDL for "PWM_LIBRARY", "PLATCH" "verilog" 
// 
// This simply describes an 8-bit register built out of D-flops 
// and is synthesizable as is. 
 
module PLATCH (Q, D, CK, RESETN); 
  output [7:0] Q; 
  input [7:0] D; 
  input CK; 
  input RESETN; 
   
  reg [7:0] Q; 
  wire CK; 
  wire RESETN; 
  wire [7:0] D; 
   
  initial Q = 8'bx; 
   
  always @(posedge CK or RESETN) begin 
   case (RESETN) 
    1'b0: #1 Q <= 8'b00000000; 
    1'b1: #1 Q <= D; 
    default: #1 Q <= 8'bx; 
   endcase 
  end 
 
endmodule 
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Appendix C - 6: DLATCH Synthesizable Verilog Source Code 

 
// Verilog HDL for "PWM_LIBRARY", "DLATCH" "verilog" 
// 
// This simply describes an 8-bit register built out of D-flops 
// and is synthesizable as is. 
 
module DLATCH (Q, D, CK, RESETN); 
  output [7:0] Q; 
  input [7:0] D; 
  input CK; 
  input RESETN; 
   
  reg [7:0] Q; 
  wire CK; 
  wire RESETN; 
  wire [7:0] D; 
   
  initial Q = 8'bx; 
   
  always @(negedge CK or RESETN) begin 
   case (RESETN) 
    1'b0: #1 Q <= 8'b00000000; 
    1'b1: #1 Q <= D; 
    default: #1 Q <= 8'bx; 
   endcase 
  end 
 
endmodule 
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Appendix C - 7: COUNTER Synthesizable Verilog Source Code 

 
// COUNTER.v 
// Verilog HDL for "PWM_LIBRARY", "COUNTER" "verilog" 
// 
// This module is synthesizable as is.  
// 
//   FUNCTION: Digital counter. 
//   Author:  Peruzzi 
//   Version: 0 Original version. Two trigger parameters and no offset. 
//   Date 5/6/2 
// 
//   Version: 1 Four triggers and offset are now inputs. No rollover. 
//   11/6/2 
// 
//   * COUNT is the state of the counter, and is an output bus. 
//   * COUNT resets to zero. 
//   * When EN is high (enabled), COUNT counts down by one on the negative 
//    edge of CLK. 
//   * When COUNT reaches zero it remains at zero -- no rollover. 
//   * When LOADN is low, DATA_IN gets loaded in to COUNT on the negative 
//    edge of CLK and on subsequent CLK negative edges, counts down from 
//    there. 
//   * There are four trigger value input buses, presumably from registers. 
//    While COUNT is equal to a trigger value, the corresponding output is 
//    asserted. 
//   * There is also an OFFSET value input bus, presumably from a register. 
//    OFFSET provides an additional degree of freedom. 
// 
// Adjusting rails with TRIG[3:0] and OFFSET: 
//  TRIG3V controls VDDPP. Increase TRIG3V to increase VDDPP setpoint 
//  TRIG2V controls VSSPP. Decrease TRIG2V to decrease VSSPP setpoint 
//  TRIG1V controls VDDPN. Decrease TRIG1V to increase VDDPN setpoint 
//  TRIG0V controls VSSPN. Increase TRIG0V to decrease VSSPN setpoint 
//  OFFSET introduces an additional degree of freedom, in case there 
//     isn't enough range in the TRIGVs to adjust all the setpoints. 
// 
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module COUNTER 
(CLK,RESETN,LOADN,DATA_IN,EN,TRIG3V,TRIG2V,TRIG1V,TRIG0V,OFFSET
,COUNT,TRIG); 
 
 input CLK;        // Negative Edge is Active 
 input RESETN;       // Resets COUNT to zero 
 input LOADN;         // When low, negedge(CLK) loads DATA_IN -> COUNT 
 input [7:0] DATA_IN;   // Input data. 
 input EN;             // When high, countdown is enabled. 
 input [7:0] TRIG3V;     // Sets value at which TRIG3 fires. 
 input [7:0] TRIG2V;    // Sets value at which TRIG2 fires. 
 input [7:0] TRIG1V;    // Sets value at which TRIG1 fires. 
 input [7:0] TRIG0V;    // Sets value at which TRIG0 fires. 
 input [7:0] OFFSET;    // Sets offset value which gets added to DATA_IN. 
 output [8:0] COUNT;    // State of counter. 
 output [3:0] TRIG;    // Four triggers, asserted when COUNT equals 
                    // their TRIGVAL. 
 
 reg [8:0] COUNT;     // Outputs are registered.  
 reg [3:0] TRIG; 
 
 reg [3:0] TRIG_ON_LOAD;  // These are set when DATA_IN + OFFSET < 
TRIG?V  
  
  
 // Initially everything is unknown. Need a RESET or LOAD 
 // This is not synthesized of course, but is helpful 
 // for debugging the behavioral system model. 
 initial begin 
  COUNT = 9'bx; 
  TRIG = 4'bx; 
 end 
  
 always @(negedge CLK or RESETN) begin 
  case (RESETN) 
   1'b0: begin 
    #1 COUNT <= 9'b000000000; 
   end 
   1'b1: begin 
    case (LOADN) 
     1'b0: begin 
      #1 COUNT <= DATA_IN + OFFSET; 
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      if (DATA_IN + OFFSET < TRIG3V+1) #1 TRIG_ON_LOAD[3] <= 1'b1; 
      else TRIG_ON_LOAD[3] <= 1'b0; 
      if (DATA_IN + OFFSET < TRIG2V+1) #1 TRIG_ON_LOAD[2] <= 1'b1; 
      else TRIG_ON_LOAD[2] <= 1'b0; 
      if (DATA_IN + OFFSET < TRIG1V+1) #1 TRIG_ON_LOAD[1] <= 1'b1; 
      else TRIG_ON_LOAD[1] <= 1'b0; 
      if (DATA_IN + OFFSET < TRIG0V+1) #1 TRIG_ON_LOAD[0] <= 1'b1; 
      else TRIG_ON_LOAD[0] <= 1'b0; 
     end 
     1'b1: begin 
      case (EN) 
       1'b0: ; // Nothing happens in this case. 
       1'b1: begin 
        case (COUNT) 
         9'b000000000: begin 
          #1 COUNT <= 9'b000000000; // new -- no rollover 
         end 
         default: begin 
          #1 COUNT <= COUNT-1; 
         end 
        endcase 
       end 
       default: begin  
        #1 COUNT <= 9'bxxxxxxxxx; 
         $display("!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!"); 
         $display("!!!!!!!!!      ERROR      !!!!!!!"); 
         $display("COUNTER: Bad logic on EN %g",$abstime); 
         $display("!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!"); 
       end 
      endcase  
     end 
     default: begin 
      #1 COUNT <= 9'bxxxxxxxxx; 
       $display("!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!")  ; 
       $display("!!!!!!!!!      ERROR      !!!!!!!")  ; 
       $display("COUNTER: Bad logic on LOADN %g",$abstime); 
       $display("!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!")  ; 
     end 
    endcase 
   end 
   default: begin 
    #1 COUNT <= 9'bxxxxxxxxx; 
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     $display("!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!")  ; 
     $display("!!!!!!!!!      ERROR      !!!!!!!")  ; 
     $display("COUNTER: Bad logic on RESETN %g",$abstime); 
     $display("!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!!")  ; 
   end 
  endcase 
 end 
   
 always @(negedge CLK) begin 
  case (EN) 
   1'b1: begin  
    if ((TRIG_ON_LOAD[3] == 1'b1) && (TRIG[3] == 1'b0)) begin 
     #1 TRIG[3] <= 1'b1; 
     TRIG_ON_LOAD[3] <= 1'b0; 
    end 
    else if ((COUNT == TRIG3V) && (TRIG[3] == 1'b0)) #1 TRIG[3] <= 1'b1; 
    else if ((COUNT == TRIG3V) && (TRIG[3] == 1'b1)) TRIG[3] <= 1'b1; 
    else if (TRIG[3] == 1'b1) #1 TRIG[3] <= 1'b0; 
    else TRIG[3] <= 1'b0; 
  
    if ((TRIG_ON_LOAD[2] == 1'b1) && (TRIG[2] == 1'b0)) begin 
     #1 TRIG[2] <= 1'b1; 
     TRIG_ON_LOAD[2] <= 1'b0; 
    end 
    else if ((COUNT == TRIG2V) && (TRIG[2] == 1'b0)) #1 TRIG[2] <= 1'b1; 
    else if ((COUNT == TRIG2V) && (TRIG[2] == 1'b1)) TRIG[2] <= 1'b1; 
    else if (TRIG[2] == 1'b1) #1 TRIG[2] <= 1'b0; 
    else TRIG[2] <= 1'b0; 
         
    if ((TRIG_ON_LOAD[1] == 1'b1) && (TRIG[1] == 1'b0)) begin 
     #1 TRIG[1] <= 1'b1; 
     TRIG_ON_LOAD[1] <= 1'b0; 
    end 
    else if ((COUNT == TRIG1V) && (TRIG[1] == 1'b0)) #1 TRIG[1] <= 1'b1; 
    else if ((COUNT == TRIG1V) && (TRIG[1] == 1'b1)) TRIG[1] <= 1'b1; 
    else if (TRIG[1] == 1'b1) #1 TRIG[1] <= 1'b0; 
    else TRIG[1] <= 1'b0; 
  
    if ((TRIG_ON_LOAD[0] == 1'b1) && (TRIG[0] == 1'b0)) begin 
     #1 TRIG[0] <= 1'b1; 
     TRIG_ON_LOAD[0] <= 1'b0; 
    end 
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    else if ((COUNT == TRIG0V) && (TRIG[0] == 1'b0)) #1 TRIG[0] <= 1'b1; 
    else if ((COUNT == TRIG0V) && (TRIG[0] == 1'b1)) TRIG[0] <= 1'b1; 
    else if (TRIG[0] == 1'b1) #1 TRIG[0] <= 1'b0; 
    else TRIG[0] <= 1'b0; 
   end 
   default: TRIG <= 4'b0000; 
  endcase 
 end 
endmodule 
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Appendix C - 8: PULSER Synthesizable Verilog Source Code 

// PULSER.v 
// Verilog HDL for "PWM_LIBRARY", "PULSER" "verilog" 
// Compile with: 
//   ncvlog PULSER.v -work PWM_LIBRARY -view verilog 
// 
//   FUNCTION: When B is low, creates the rising edge of PWM on rising 
//        edge of A. When PWM is high, creates its falling edge 
//        on the rising edge of C. Resets low or sets high depending 
//        on RESETN and SETN. 
//   Author:  Peruzzi 
//   Version: 0 Original version. 
//   Date 5/6/2 
//   Version: 1 RESETN, SETN added, along with comments. 
//   Date 11/6/2 
// 
 
module PULSER (PWM, PWMN, A, B, C, RESETN, SETN); 
  output PWM; 
  output PWMN; 
  input A; 
  input B; 
  input C; 
  input RESETN; 
  input SETN; 
 wire A, B, C, RESETN, SETN; 
 reg PWM; 
  
 initial PWM <= 1'bx; 
  
 always @(RESETN or SETN) 
  if (RESETN == 1'b0 && SETN == 1'b1) PWM <= 1'b0; 
  else if (RESETN == 1'b1 && SETN == 1'b0) PWM <= 1'b1; 
  else if (RESETN == 1'b1 && SETN == 1'b1) ; 
  else PWM <= 1'bx; 
  
 always @(posedge A) begin 
  if (B == 1'b0 && PWM == 1'b0 && RESETN == 1'b1 && SETN == 1'b1) 
    #1 PWM <= 1'b1; 
  else if (B == 1'b0 && PWM == 1'b0 && RESETN == 1'b0 && SETN == 1'b1) 
    #1 PWM <= 1'b0; 
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  else if (B == 1'b0 && PWM == 1'b0 && RESETN == 1'b1 && SETN == 1'b0) 
    #1 PWM <= 1'b1; 
  else ; 
 end 
  
 always @(posedge C) begin 
  if (PWM == 1'b1 && RESETN == 1'b1 && SETN == 1'b1) #1 PWM <= 1'b0; 
  else if (PWM == 1'b1 && RESETN == 1'b0 && SETN == 1'b1) #1 PWM <= 1'b0; 
  else if (PWM == 1'b1 && RESETN == 1'b1 && SETN == 1'b0) #1 PWM <= 1'b1; 
  else ; 
 end 
 
 assign PWMN = ~PWM; 
 
endmodule 
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Appendix C - 9: PWM_ASP Behavioral Verilog-AMS Source Code 

 
//Verilog-AMS HDL for "T_BENCHES", "PWM_ASP" "verilogams" 
 
`include "constants.vams" 
`include "disciplines.vams" 
 
module PWM_ASP (PWM, BPWM); 
 input PWM; 
 output BPWM; 
 logic PWM; 
 real vout_val; 
 electrical BPWM; 
  
 always @(PWM) begin 
  if (PWM == 1'b1) 
   vout_val = 3.0; 
  else 
   vout_val = -0.0; 
 end 
  
 analog V(BPWM) <+ transition(vout_val, 1e-9, 1e-9, 1e-9); 
 
endmodule 
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Appendix C - 10: DAC16 Behavioral Verilog-AMS Source Code 

 
//Verilog-AMS HDL for "T_BENCHES", "DAC16" "verilogams" 
//   FUNCTION: Digital to Analog Converter 
//   VERSION: $Revision: 2.6 $ 
//   AUTHORS: Modelwriter Standard Library 
//        Cadence Design Systems, Inc. 
// 
// GENERATED BY: Affirma Modelwriter 2.23 
//      ON: Thu May 09 18:30:19 EDT 2002 
// 
// Description: Ideal Digital to Analog Converter 
//  
// PARAMETERS: 
//  slack = Smallest time unit considered negligible for clock 
// threshold cross event [S] 
//  tconv = Delay from clock edge to new output voltage [S] 
//  tfall = Output fall time for new output voltage [S] 
//  trise = Output rise time for new output voltage [S] 
//  vmax = Full scale analog output voltage [V] 
//  vmin = Zero scale analog output voltage [V] 
//   vth = Digital Input and Clock Logic Threshold [V] 
//  
 
`include "constants.vams" 
`include "disciplines.vams" 
`define NUM_DAC_BITS  16 
 
module DAC16 (clk, din, voutp, voutn); 
 
 input  [`NUM_DAC_BITS-1:0] din; 
 logic [`NUM_DAC_BITS-1:0] din; 
 
 input  clk; 
 logic clk; 
 output  voutp; 
 output  voutn; 
 electrical voutp; 
 electrical voutn; 
  
 parameter real  vmax = 1; 
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 parameter real  vmin = -1; 
 parameter integer traceflag = 0; 
 
 real  decimal_value, lsb, voffset, new_vout; 
 integer i; 
 
 initial begin 
  voffset = vmin; 
  decimal_value = 0.0; 
  lsb = (vmax - vmin) / (1 << `NUM_DAC_BITS) ; 
  if (traceflag) begin 
   $display("%M DAC range ( %g v ) / %d bits = lsb %g volts.\n", 
        vmax - vmin, `NUM_DAC_BITS, lsb ); 
   $display(" offset %g volts.\n", voffset ); 
  end 
 end 
  
 always @(negedge clk) begin 
  decimal_value=0.0; 
  for (i = `NUM_DAC_BITS-1; i >= 0; i = i-1) begin       
    decimal_value = decimal_value + ((din[i] == 1'b1) ? 1 << i : 0.0 ); 
  end 
  new_vout = decimal_value * lsb + voffset; 
  // if(traceflag) 
  //  $strobe("%M at %g sec. digital in: %d vout: %g", 
  //     $realtime, decimal_value, (decimal_value * lsb) + voffset ); 
  end 
  analog begin 
   V(voutp) <+ 1.5 + new_vout; 
   V(voutn) <+ 1.5 - new_vout; 
  end 
endmodule 
 
`undef NUM_DAC_BITS 
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Appendix C - 11: Power Probe Behavioral Verilog-AMS Source 

Code 

// PowerProbe.vams 
// Verilog-AMS HDL for "T_BENCHES", "PowerProbe" "verilogams" 
// Power = V * I 
// 
// Measures current ix from Iin to Vp_Iout through a 
// miniscule resistance and voltage vx between Vp_Iout, Vn 
// over a huge resistance. Multiplies ix and vx and 
// outputs a voltage waveform scaled to their product. 
// 
  
`include "constants.vams" 
`include "disciplines.vams" 
 
module PowerProbe (Iin, Vp_Iout, Vn, Power ); 
 inout Iin, Vp_Iout, Vn, Power; 
 electrical Iin, Vp_Iout, Vn, Power; 
  
 real vx, ix, pwr; 
   
 analog begin 
  
 // Zero Impedance Ammeter 
 V(Iin,Vp_Iout) <+ 10e-30 * I(Iin,Vp_Iout); 
   
  
 // Infinite Impedance Voltmeter 
 V(Vp_Iout, Vn) <+ 10e30 * I(Vp_Iout, Vn); 
   
 // Power = V * I, expressed as a voltage. 
 vx = V(Vp_Iout, Vn); 
 ix = I(Iin,Vp_Iout); 
 pwr = vx * ix; 
 V(Power) <+ pwr; 
  
 end 
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endmodule
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