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This paper covers the fundamentals of microcontroller-based digital power control design. The working principle

of building blocks in the digital power control like digital sampling, compensator, and actuators is explained. The
essential parameters of each block are discussed along with its effects on control loop performance. A step-by-step
design process is shown using the example of voltage-mode controlled buck converter. It also explains feedback
circuit design, considering analog to digital converters along with its configurations with respect to the actuator, that
is, digital pulse-width modulation. It also explains the selection, implementation, and compensation procedures for
the digital compensator.

Introduction

In most systems, power supplies are traditionally controlled using analog methods as shown in Figure 1. These solutions
are straightforward to implement which only requires the selection of appropriate resistors and capacitors based on
controller IC datasheet recommendations. However, designers often encounter limitations with these methods when
developing dedicated power products such as charging stations or advanced power conversion systems.

Figure 1. Basic blocks of simplified analog power control loop.

One of the examples is updating critical control parameters such as mode-transition thresholds and the compensator
coefficients to optimize the loop response. Another challenge arises from the rapid evolution of power topologies
such as totem-pole PFC, LLC converters, asymmetrical half-bridge designs, and so forth. In many cases, adapting
an analog controller to these advanced topologies is impractical since it requires developing an algorithm that often
involves complex computing. Similarly, the applications that demand high accuracy such as those involving batteries
with variable impedance benefit from online calibration of parameters, which is difficult to achieve with purely analog
control.

Complex use cases present additional requirements, such as the ability to store diagnostic information to aid in
troubleshooting equipment failures. These functions generally require a processor with memory, which is not feasible
with analog-only solutions. Moreover, post-production firmware updates or parameter updates whether to resolve
issues or to optimize the performance are cumbersome with analog controllers, as they often require manual hardware
modifications on the PCB. Intellectual property protection is also a concern.

Digital control methods address many of these challenges. Through flexible parameter adjustment, advanced
sensing with Analog-to-Digital Converter (ADC), actuation through Digital Pulse Width Modulator (DPWM), and the
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implementation of digital compensators, digital control enables greater adaptability, accuracy, and security. This paper
presents the essential building blocks of digital power control, using the design of a buck converter as an illustrative

example.

Digital Power Control Loop

Digital control of power converters can be understood through three essential steps: Sample, Compensate, and Actuate.
A simple digitally controlled buck converter, as illustrated in Figure 2, demonstrates these building blocks.

In the first step, the analog feedback signal is converted into digital values using an ADC. This process samples and
quantizes the continuous feedback signal into discrete numerical values. The discretization in time and amplitude marks
a fundamental distinction between digital and analog control approaches. In the second step, the digitized feedback

is compared with a reference value to determine the error. A digital compensator then processes this error in discrete
time to generate the appropriate control effort, which drives the system toward the desired operating point. Because
the feedback is sampled, all compensation must also operate in discrete time. The third step involves actuation. The
digital controller adjusts the actuator to generate the appropriate switching signals for the power stage. The actuator

is often the most complex element of the design, as it must be tailored to the specific topology and control method.

To ensure deterministic and precise responses, the actuator is implemented in hardware logic within the MCU. The
DPWM module is the central component of this actuator stage. In cases such as current-mode control, the DPWM
must also coordinate additional peripherals, including digital ramp generators, Digital-to-Analog Converters (DAC), and
comparators to achieve stable and accurate operation.
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Figure 2. Basic blocks of simplified digital power control loop.

Sensing: Analog-to-Digital Converter (ADC)

Digital control depends on an ADC to transform all analog feedback inputs into digital values required for effective
control. Most real-time microcontrollers utilize the Successive Approximation Register (SAR) ADC because it offers an
excellent balance between speed, resolution, and power efficiency.

While the detailed operation of SAR-ADCs may not be necessary to know, understanding some essential concepts is
important for proper use. First, the ADC does not operate continuously but is triggered by a Start of Conversion (SOC)
signal. This means feedback values are captured only at specific instants, and all information between SOC triggers is
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lost. This is a key distinction between digital and analog control. The rate at which SOC triggers occur is called the
sampling frequency, and it determines the frequency range that digital control can influence. Second, the ADC output
is not continuous but quantized into discrete levels defined by a limited number of bits. The smallest resolution step
is known as the Least Significant Bit (LSB), which introduces what is called quantization error. Third, the conversion
process is not completed in a single step but carried out bit by bit, as illustrated in Figure 3. This conversion time
introduces a delay in the control loop, which reduces the effective phase margin of the system.

Figure 3. Sampling and conversion process.

Acquisition and Conversion

The acquisition process of SAR-ADC needs to sample the external signal using its internal sample and hold (S/H)
capacitor. This process not only needs time to settle down, as shown in Figure 4, but also will draw a small portion of
charge and disturb the input signal. Therefore, it is strongly recommended to put a buffer in front of the ADC input. This
could avoid the sampling disturbance and reduce the settling time of the acquisition process. Reduction in settling time
(taq) is crucial to reduce overall control loop latency. If an external RC filter time constant, tgc > tag, then inaccurate
measurement may occur. But too short tgc may result in not filtering unwanted high frequency at all. So, the correct
guideline is tgc < 5 x taq. After the acquisition, there is a fixed ADC conversion time tcony required to complete the
analog-to-digital conversion process which is specified by the device datasheet.

Iy
/V"" : %1SB
?

Vesn(t)

VeHo T

v

to taa Time

Figure 4. Acquisition process.
Sampling and Antialiasing

Since an ADC functions by sampling signals, it is essential to apply the Nyquist sampling criterion. This rule requires that
the sampling frequency be at least twice the highest frequency component of the input signal. If this condition is not
satisfied, aliasing will occur, as illustrated in Figure 5.
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Figure 5. Sampling and antialiasing.

For example, if the feedback signal frequency (Fb) is lower than the sampling frequency (Fs) but greater than half of Fs
(Fs/2), it will fold into the lower frequency range. Likewise, any frequency component higher than Fs will be mirrored into
the sampled band, making all information above Fs/2 indistinguishable. This phenomenon is especially critical in digital
control systems. When high-frequency noise is aliased into the sampled band, it appears as a low-frequency signal and
becomes embedded in the digital data, making it extremely difficult to eliminate. Therefore, in digital control design, the
sampling frequency must be at least twice the bandwidth of interest, and an anti-aliasing filter should be used to block
noise beyond the Nyquist frequency.

Quantization Error

A common misconception is that digital control is free from noise, but this is not the case. Because the controller
represents signals with a limited number of bits, the values are not continuous but instead change in discrete steps. As
a result, each conversion is rounded to the nearest available value, introducing a rounding error. As illustrated in Figure
6, this error appears as a triangular waveform in the time domain and as a white noise floor in the frequency domain.
The noise level is directly tied to the effective number of bits (ENOB) that ADC can provide. Higher bit depth provides
finer steps and therefore reduces quantization noise. This error directly affects the control loop performance in terms
of the controller's response to small signal errors in feedback which may result in limit cycle oscillations and harmonic
distortion in power stage.

Figure 6. Quantization error in time and frequency domain.
Actuator: Digital Pulse Width Modulation (DPWM)
DPWM Working Principle

The Digital Pulse Width Modulator (DPWM) functions like analog PWM but offers enhanced flexibility that allows
designers to generate more complex waveforms. Unlike analog implementations, the DPWM operates in discrete time,
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comparing a digital counter with a digital comparator to determine switching events. The duty cycle is controlled by
adjusting the digital compare value (CMP), while the switching frequency is set by modifying the counter period (PRD).
As shown in Figure 7, the counter can be configured in UP-count or DOWN-count mode to generate edge-aligned
PWM, or in UP-DOWN mode to produce center-aligned PWM. While edge-aligned PWM is sufficient for many power
topologies, center-aligned PWM is essential in advanced techniques such as space vector modulation for AC-DC
converters, and is also valuable in DC-DC converters like LLC and PSFB, where maintaining a 50% duty cycle is critical.

+  Up-count mode
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Figure 7. Counter mode for edge aligned vs center aligned PWM.
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Modern DPWM peripherals extend functionality further by supporting multiple compare events within a single switching
cycle, enabling more complex waveform shaping essential for topologies like a Matrix Converter. They can also generate
internal and external triggers to synchronize other system operations, such as ADC sampling. These triggers are
particularly useful in advanced control methods like peak current mode control, where precise coordination is required
between digital ramp amplitude, ramp slope, and DAC.

DPWM Resolution

Since DPWM operates based on a clock counter, it cannot be adjusted in the continuous domain. Its minimum step is
one DPWM clock, which raises the issue of finite resolution. DPWM resolution is not related to the number of bits in the
counter or comparator. It only depends on the ratio of the PWM clock frequency and the switching frequency. DPWM
resolution in percentage can be determined by the ratio of switching frequency to DPWM clock frequency, represented
by Equation 1. PWM resolution will define the control resolution, which is the smallest step with the minimum control
adjustment.

T f
AD = pwmclk _ s (1)

Ts fpwmclk

Figure 8. Discrete counter and the minimum adjustment.
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Limit Cycle Oscillation

Limit cycle oscillation occurs when the control resolution of the DPWM is coarser than the sensing resolution of the
ADC. As shown in Figure 9, the sensed output voltage cannot precisely match the control target for each DPWM duty
value. Instead, the duty cycle continually toggles between the two nearest levels, creating a repeating oscillation. This
phenomenon typically results in small-amplitude, high-frequency oscillation that may be acceptable in low-bandwidth
systems. However, in high-bandwidth applications such as server or data center power supplies these oscillations can
become problematic, leading to increased output ripple and reduced overall performance.

Figure 9. Limit cycle oscillation and the effect of output voltage.

The following example showcases the effect of DPWM on output voltage ripple. It shows a 48V to 5V buck converter
with 500kHz switching frequency. The calculations in Table 1 show limit cycle oscillation amplitude using DPWM in
normal mode. In this mode, the voltage ripple is 0.2V, which is around 4% of the output voltage. Most of the advanced
MCU peripherals have a high-resolution (HR) mode to address this problem. For example, HRPWM mode in F28P55x
MCU in C2000™ series MCU can achieve a PWM step size as low as 75ps, which can suppress the oscillation down to
0.036%. That is almost 111 x improvement. Table 1 compares DPWM in normal mode or HR mode to show the effect of
PWM resolution on the output voltage ripple.

Parameter Normal Mode HRPWM Mode
Duty adjustment step size AD = fsw/Towmelk 75ps for F28P55x
AVpp Vin x AD = 0.2V Vin % tstep/tpwm = 1.8mV
%AVpp 4% 0.036%

Table 1. Effect of DPWM step size on output voltage ripple.
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Compensator: Digital Compensator
Implementation

Similar to the analog compensator, the digital compensator is used to generate the adjusting control effort value to
ensure the control loop is stable and fast enough. However, the input of the digital compensator is the sampled
sequence. The digital compensator is described in the discrete sequence. The compensator is executed in discrete
time, digitized quantities, and the system is limited by the Nyquist frequency. The differential equation of the digital
compensator is also discrete, see Equation 2, which is derived from its analog transfer function by using trapezoidal
approximation. The digital compensator is presented by the control law diagram, shown in Figure 10.
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Figure 10. Digital compensator and implementation.
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The following section shows the C-code snippet for implementing a second-order direct form 2 controller.

// Defines the DCL_DF22 controller structure
typedef

{

struct dcl1_df22

float32_t bO; //'< b0
float32_t bl; //1< bl
float32_t b2; //1< b2
float32_t al; //1< al
float32_t a2; //1< a2
float32_t x1; //1< x1
float32_t x2; // 1< x2
DCL_DF22_SPS *sps; //!< Pointer to the shadow parameter set

DCL_CSS *css; //!< Pointer to the common support structure
} DCL_DF22;
// Executes a full 2nd order Direct Form 2 controller
static
‘ inTine float32_t DCL_runDF22_C4(DCL_DF22 *p, float32_t ek)
float32_t v7;
v7 = (ek * p->b0) + p->x1;
p->x1 = (ek * p->bl) + p->x2 - (v7 * p->al);
p->x2 = (ek * p->b2) - (v7 * p->a2);
return(v7);
}
Types of Compensators

Among compensators, the Proportional-Integral (Pl) controller is the most widely used. Table 2 illustrates both the analog
and digital implementations. In the analog version, a resistor and capacitor form one pole and one zero. Conversely, the
digital PI controller is expressed as a set of discrete equations, but the Bode plot closely matches that of the analog
implementation. In analog systems, the PI controller is represented by a continuous-time differential equation, which
can be analyzed using the Laplace transform in the s-domain. In digital systems, however, the controller is described in
discrete time and analyzed in the z-domain using the z-transform. One key advantage of digital PI control is the ability
to directly tune the proportional gain (Kp) and integrator gain (Ki), which can be configured to approximate the behavior
of an analog PI controller. When converting from the analog to the digital domain, the backward Euler approximation is
commonly applied to map the coefficients. While this method provides a practical conversion, it is not the exact stable
operating region of the digital PI controller is actually expanded compared to the analog version. This means that if the
analog system is stable, its digital counterpart will also remain stable, but the reverse is not necessarily true.
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Domain Analog Digital
Implementation Kpz
v2
R¢ Ct ><
Ri
Ve .
Ve +
e(k) u(k)
Response
onf
Time dVe  Rf _dVe 1 u(k) = e(k) x Koz + v(k)
Domain @ T TR @ Ryxc X Ve v(k) = v(k + 1) + e(k) x Ki;
Frequency _ 1 1
Domain Vels) = Ve(S)X(KPS K S) u(z) = e(z) x (sz + Kz % 1-z71
Transfer 1 1
G(s) = Kpg + Kjg X = = .
Function (5) = Kps + Kjs X 5 G(Z) = Kpz + Kiz X 1
Coefficients _ Rf 1 Kpz = Kps
Kps = R Kis = _Rin Kiz = Kjs x Tg

Table 2. Analog Pl compensator coefficients and the backward Euler approximation.

Another widely used compensator is the 2P2Z, often referred to as a Type 2 compensator in analog systems. Table 3
compares the analog and digital implementations. In the analog version, resistors and capacitors form one pole-zero
pair, an additional zero, and a non-origin pole. The corresponding digital compensator replicates the same arrangement
of poles and zeros, but the implementation is carried out numerically and represented through a control block diagram.
In digital form, constructing the two poles of the Type 2 compensator requires a second-order difference equation. To
translate the analog transfer function into digital form, techniques such as the trapezoidal (Tustin) approximation are
commonly applied. This allows the A and B coefficients of the digital controller to be derived from the analog transfer
function. It is important to note; however, that this approximation is not exact. The conversion remains accurate only
when the operating frequency is much lower than the Nyquist frequency (half the sampling frequency). Because the
transformation is not straightforward, engineers typically rely on software tools such as MATLAB® or Mathcad® to
perform the coefficient conversion and verify accuracy.
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Implementation Cr1

e(k)

Ri

VIN
—>» Vout

Response
Transfer s -1 -2
14+ —> bg+by Xz  *+byXxz
Function G(s) =ﬂxm Glz)= u(ll:) =071 - 2 =)
s S e(k) l1+aqxz” " +apxz
(.l)pl
Coefficients _ 1 . - 1 Wp1
POT RixCpp +Cp) 71 T Rpp X Cpp KDCXW
M=
W1 = 1 2 X ((n 1+ l)
pl~= Cf1><Cf2 Ts P Ts
o ey XRp2
( Cfl + sz ) 4 _
T, ©pl = T
al = , A = 2
wp1tT @ptt T

2 2.
bo=MX<le+T—S)X((»Zz+T—S),

2 2
b1=MX[<(A)Zl+T—S>X<(L)Zz—T—S)+
2 2
(01 =F) % (024 £)]

2 2
by =M x (w1~ ) x (02~ ;)

Table 3. Analog Type 2 compensator coefficients and the direct 2 form using trapezoidal approximation.

Anti-windup for Integrator

In analog control systems, anti-windup is part of an analog compensator which is an op-amp based feedback network
and the integrator gets clamped by the op-amp supply and feedback component impedances. In contrast, digital control
systems have numerical based digital integrators in the compensator which has a wider range to accumulate error. So,
careful attention must be given to integrator saturation and the use of anti-windup techniques. As illustrated in Figure

11, the behavior of a compensator with and without anti-windup can differ significantly. Because the actuator input range
is much narrower than the numerical range of the controller, the integrator can continue accumulating errors even after
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the compensator output has reached the saturation limit of the actuator. When this happens, the error persists, and the
integrator value grows far beyond the actuator's limits. Once the disturbance subsides, the integrator requires a long
time to settle back into its valid operating range. During this period, the controller is unable to respond effectively to new
changes, leading to sluggish system performance. As shown in Figure 12, the recovery of the control signal u(t) without
anti-windup is slow compared to the actuator saturation range sat(u). The anti-windup mechanism prevents this problem
by detecting actuator saturation and halting further integrator accumulation. This prevents deep saturation and allows
the compensator to recover much more quickly, significantly improving transient response. The effect of anti-windup

is especially valuable when handling large disturbances. Therefore, if a Pl controller exhibits a slow recovery after a
transient event, one of the first aspects to check is whether anti-windup protection has been properly implemented.

Figure 11. Control diagram with and without anti-windup logic implementation.

Figure 12. Response with and without anti-windup logic.

The following code snippets illustrate a 2P2Z controller with anti-windup implemented in C using the C2000 Digital
Control Library (DCL). The original 2P2Z structure from Implementation can be split into two parts: an immediate term
and a partial (pre-computed) integrator term. This separation makes it straightforward to apply integrator clamping and
implement anti-windup. During the k" sampling interval, the controller first computes the immediate term. The partial
result is then pre-computed for use in the (k + 1)1 interval. Because the control effort can be clamped right after the
immediate term is calculated, updating the pre-computed integrator branch can be made conditional on the clamp
result. If u(k) reaches the actuator limits, there is no need to update the partial integrator state for the next interval, and
that computation can be skipped. This architecture also reduces control-loop latency. By partially pre-computing the
control law, the "sample-to-output" delay (the time from sampling e(k) to producing u(k)) can be reduced to roughly one
multiplication and one addition. The pre-computed structure allows u(k) to be applied to the actuator as soon as it is
available. The remaining terms of the third-order control law do not depend on the newest input e(k), so they can be
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calculated afterward without affecting u(k). As a result, input-output latency decreases and the controller responds more

quickly.

// Executes an immediate 2nd order Direct Form 2 controller
static
inTine float32_t DCL_runDF22_C5(DCL_DF22 *p, float32_t ek)

return((ek * p->b0) + p->x1);

// Executes a partial pre-computed 2nd order Direct Form 2 controller
static

inline

void

DCL_runbDF22_C6(DCL_DF22 *p, float32_t ek, float32_t uk)

p->x1 = (ek * p->bl) + p->x2 - (uk * p->al);
p->x2 = (ek * p->b2) - (uk * p->a2);

// Saturates a control variable and returns 1 if either Timit is exceeded
static

{

inTine intl6_t DCL_runClamp_C2(float32_t *data, float32_t Umax, float32_t uUmin)

float32_t iv = *(data);

*(data) = (*(data) > Umax) ? Umax : *(data);
*(data) = (*(data) < Umin) ? Umin : *(data);
return(((iv < Umax) && (iv > Umin)) ? 0 : 1);

// Pseudo code for implementing anti-windup which helps reducing control Tlatency as well
// Runs a partial or integrator part only when control effort not saturated

uk = DCL_runDF22_cC5(&df22, ek); // Calculates immediate part of compensator
updateDuty (uk); // Update the actuator duty

s = DCL_runClamp_C2(&uk, upperLim, lowerLim); // Check if control effort is saturated

if (0U == s)

{

DCL_runDF22_c6(&df22, ek, uk); // Do not run integrator if control saturated

Design Example: Voltage Mode Controlled Synchronous Buck Converter

This design example focuses on the control loop of a buck converter. The converter is assumed to operate in continuous

conduction mode (CCM) and to be regulated using voltage-mode control (VMC). The design of the power stage is

outside the scope of this discussion and is considered to be already complete, as shown in Figure 13. In this example,

the input voltage is 48V, the output voltage is 12V with a maximum load current of 10A, the inductor is 33pH, and

the output capacitor is 1060pF with an effective series resistance (ESR) of 10mQ. With the power stage defined, the

focus shifts to design the digital control loop, including the feedback circuitry, the ADC, the digital compensator and the

DPWM actuator.

Figure 13. Voltage mode control of buck converter.
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Feedback Design

First, let's design the feedback circuit for digital control as shown in Figure 14. The feedback scale is mainly decided by
the full-scale-range of the ADC. For C2000 or a similar MCU, it is generally 3.3V. Considering the overvoltage protection
(OVP) point at Voyp = 18V, the maximum value of the feedback signal is given by Equation 4.

Vo

Ri

Ves<+—| ADC ]

s Ry
Buffer —ll

Figure 14. Voltage mode control of buck converter.

Rp

ViB =Vo X RT3 Ry )
If R, = 1kQ then R4 can be obtained from Equation 5.
Ry = 1kQ x 8Y=33V = 45k (5)

Now, consider using an internal OPA as buffer in front of the ADC. In that case, the capacitor Cr before the ADC combine
with R1 and R2 forms the anti-alias filter. The cut-off frequency can be calculated using Equation 6.

1

faA = T rx RiTRz) — A0KHZ ©6)

We set the anti-alias frequency at half of the Nyquist frequency, then Cg can be calculated using Equation 7.

— 1 -
CF = 7mx faa x (RLIR2) ~ 4.7nF (7)

Now describe the feedback loop with the transfer function. Here we use unity '1' to present the full range of the ADC, so
the feedback ratio Ky is obtained using Equation 8 with unit '1' dividing the full range. It has the unit V-,

1.0(p.u. -1
K, = 22B1) _ o056y 8)

There is only one pole coming from the anti-alias filter, then we can write down the transfer function as shown in
Equation 9 from which will be used for obtaining the bode plot of feedback function H(s) in next sections.

H(s) = 0.056V ' x —— 1 )
L+ < 40kHz

Actuator Design

The next step in the design is to configure the actuator for executing the control effort. In this case, trailing-edge
modulation is selected, with the control value reloaded at the start of each switching cycle. This sequence, illustrated in
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Figure 15, demonstrates the order of events within the control loop. Under these conditions, the DPWM execution delay
equals one duty cycle period, which is calculated as 1.563ps (see Equation 10). This delay introduces additional control
latency and reduces the available phase margin, making it an important factor to consider in the design.

TBPRD

CMPB
CMPA

EPWM1A
[ EFWM1B

Reload 4

socC

4
[

ADC

|
(1 []
Sample | PWM |

Delay ! delay |
]

ISR

NN N

Figure 15. Sequence of events from sampling instance to duty update.

So, the PWM execution delay equals to the duty cycle period. Here, it is calculated as 1.563ps as shown in Equation 10.
Tdpw = Duty X Ts = & X Teorr = 1.5634s (10)

Unlike analog PWM, digital PWM (DPWM) allows the duty cycle to be used directly as the actuator input, with the
compare value computed during PWM execution. This approach removes the dependence of the control loop on the
period coefficient. In addition to PWM delay, ADC conversion also contributes to control latency. The ADC delay spans
from the start-of-conversion (SOC) trigger to the point when the conversion result is reloaded. To minimize this delay,
both the ADC conversion time and the interrupt service routine (ISR) execution time must be carefully estimated. The
ADC conversion time consists of the sample-and-hold period and the actual bit conversion time, both of which are
configurable and can be obtained from the MCU technical reference manual. Estimating ISR execution time is more
difficult because it includes compensator calculations as well as the overhead of entering and exiting the ISR. For
robust design, the longest possible ISR time should be assumed, which can be determined through ISR profiling. In this
example, the worst-case delay is approximated as 0.65us. Using this estimate, the CMPB is configured to trigger the
SOC event 0.7us before the PWM reload, as represented in Equation 11.

Tdigg = 0.7us 11)
Now, we can get the total control delay by summing the PWM delay and ADC delay as shown in Equation 12.
Tq = Tdpwym + Tdjsg = 2.263us (12)
The transfer function of this delay can be expressed using Equation 13.

Gy(s) =e 3% Td _ o—sx2263ps (13)
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Plant Transfer Function

Now let us include the power stage in the control loop analysis. For this purpose, we focus only on the transfer

function from duty cycle to output voltage, as this relationship is essential for calculating the loop gain and designing
the compensator. In a buck converter operating under VMC in continuous conduction mode (CCM), two important
corner frequencies are present. The first is a complex double pole, which arises from the interaction between the output
inductor and capacitor. The second is an ESR zero, introduced by the equivalent series resistance (ESR) of the output
capacitor. The resulting transfer function is expressed as shown in Equation 14.

where

e Gyq(s) is the gain of the transfer function from D to Vg
e V,, is the input voltage
* g is a complex double pole that comes from the inductor (Lp) and output capacitor (Cp), and can be calculated
using Equation 15.
wo = ﬁ = 5.347kHz (15)
* oz is ESR zero comes from ESR (Rc) of the output capacitor, the capacitance of the clamping capacitor, and can be
calculated from Equation 16.

1
(DZ = W = 94.34kHz (1 6)

From Equation 14, the corresponding bode plot can be obtained, as shown in Figure 16. Both the plot and the equation
reveal that the load condition directly influences the quality factor (Q). A higher Q value introduces phase distortion
around the double pole frequency. Therefore, it is important to evaluate the phase margin under the lightest load
condition, where the Q value is typically highest. If the Q is excessively large, the phase margin may fall well below 45
degrees near the double pole, making it very difficult to achieve stable compensation at loop bandwidths above this
frequency.
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Figure 16. Bode plot of the transfer function from D to Vo.

Now, everything is in the control loop. The plant transfer function before compensation is the multiplication of the
individual transfer function of the power stage G, 4(s), feedback loop H(s), and control delay G4(s) and can be calculated
using Equation 17.

Gplant(s) = Gyq(s) X H(s) X Gg(s) (17)

By putting the values of Equation 9, Equation 13, and Equation 14 into Equation 17, the plant transfer function without
compensation can be represented as Equation 18.

Wz Ky —sxTd
Gplant(s) = Vip X s 2 X 148 xe™s (18)
T+ 45 ®
QX wq “)02 AA

From Equation 18, a complete plant bode plot can be obtained as shown in Figure 17.

|Gplant| 4
20log(Vin)

Figure 17. Bode plot of plant transfer function.
Compensator Design

The next step is to design the compensator by adding poles and zeros to shape the loop response of the plant. In this
example, a 2P2Z compensator is selected, although alternatives such as Pl or PID can also be used. The 2P2Z structure
is chosen because it allows one zero-pole pair to provide infinite DC gain, ensuring zero steady-state error, while two
additional zeros can be positioned to cancel the effect of the double pole, as expressed in Equation 19.

wz1 = Wz = wg = 5.347kHz (1 9)
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To address the ESR zero, one additional pole is introduced, as shown in Equation 20. In practice, however, the double
pole cannot be completely canceled in this way, as the effectiveness of compensation depends heavily on the Q factor of
the power stage.

wp1 = w,= 94.34kHz (20)

Next, the crossover frequency must be selected. As a general guideline, it is set at approximately one-tenth of the
switching frequency, as expressed in Equation 21. In digital implementations, the crossover frequency can be set lower,
often down to one-twentieth of the switching frequency.

we = 27f, = 21 X 16kHz 21)

At the chosen crossover frequency, the plant gain can be obtained from the transfer function. Multiplying this gain with
the compensator gain should equal unity, which allows the Kp¢ coefficient to be calculated using Equation 22.

W¢
We 1+ (1)_1 1
Kpc = oGy X o 40.374kHz 22
(1 + m)(1 +3 ) plant{®c

In practice, these design calculations are typically performed with software tools such as Mathcad or MATLAB. Figure
18 illustrates the Bode plot of the uncompensated plant, the 2P2Z compensator, and the resulting closed-loop response

|Geiard 4
EDIDQ{VM

I : Poles and zeros
| : canceled
|

»

Wz 2rf

Figure 18. Bode plot of plant, compensator, and loop transfer function.

Finally, before closing the control loop design, stability must be verified by calculating the phase margin. As a general
rule, a phase margin greater than 45 degrees is required for stable operation. If the margin is insufficient, stability can be
improved by slightly reducing the compensator zero locations, increasing the compensator pole frequency, or lowering
the overall loop bandwidth. In this example, the calculated phase margin is 49 degrees, as shown in Equation 23, which
is adequate for stable operation.
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PM (o) = 180° + atan(iﬁij%) =49.3° (23)
Up to this point, the analysis has been carried out in the s-domain, corresponding to analog representations. However,
the actual compensator must be implemented in digital form. Therefore, the poles and zeros determined in the previous
steps must be converted into z-domain coefficients using the trapezoidal (Tustin) approximation. It should be noted that
this conversion is not exact—accuracy decreases as the operating frequency approaches half of the control frequency
(the Nyquist frequency). Table 4 summarizes the conversion process, providing the equations and the resulting digital
coefficients for the 2P2Z compensator. These coefficients are then implemented in the control code, as described in
Anti-windup for Integrator, which also includes the anti-windup mechanism

Domain Analog Digital
Transfer Function See Equation 24 See Equation 25
by = 106.367
Kpc = 40.374kHz by = -205.742
Coefficients ©0p1 = 0y = 94.34kHz b, =99.49
W71 = Wz = g = 5.347kHz ay = -1.545
as = -0.545

Table 4. Analog 2P2Z compensator coefficients and the digital approximation.

Kpc % (1 + 0)521)<1 +0)i22)

Gop22(s) = —— 5 (24)
(1)
-1 -2
uk) _ bg+by Xz  *+byXz (25)

e(k) 1+a1><z_1+a2><z_2

Conclusion

Although the digital control loop design procedure presented in this paper is demonstrated using a buck converter, the
same approach can be applied to other duty-controlled topologies such as boost converters and four-switch buck-boost
converters. It can also be extended to dual-loop implementations, such as average current mode control used in

power factor correction for AC-DC conversion. In such cases, the innermost current loop is designed first, and the

same methodology is then applied to the outer voltage loop, treating the inner loop as the plant. These techniques

can further be adapted for variable frequency-controlled topologies, such as resonant converters like the LLC, as well

as for variable phase-controlled topologies, including the phase-shifted full bridge. More broadly, MCU-based digital
power control provides the flexibility to handle advanced power conversion systems. It enables the implementation of
multi-mode, multi-phase, multi-level, and interleaved topologies, along with the associated complex control algorithms,
thereby offering superior adaptability and performance across a wide range of applications.
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