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Abstract—Talkative power conversion (TPC) modulates the
switching operations of power electronic converters to enable
simultaneous information and power transfer. TPC is often
applied as a form of power line communications, but it also
supports wireless and optical wireless transmission applications.
In this paper, we introduce reduced-state sequence estimation
(RSSE) for data retrieval at a TPC receiver. Our approach is
based on a discrete-time TPC channel model characterized by
coupled difference equations, which allows for a flexible trade-
off between error-rate performance and computational as well
as sampling complexity. We also derive the matched-filter bound
(MFB), which is a lower bound on the error rate. Numerical
bit-error rate results demonstrate that RSSE can achieve reliable
communication with relatively low computational and sampling
complexity for equalization. Notably, an RSSE implementation
with only eight states comes within about 1 dB of the MFB.

Index Terms—talkative power conversion, signal processing for
communications, simultaneous information and power transfer,
equalization, reduced-state sequence estimation.

I. INTRODUCTION

Historically, power electronics and communications engi-
neering have evolved as separate disciplines. Power electron-
ics concentrates on the efficient conversion and transfer of
energy, whereas communications engineering focuses on the
reliable and secure delivery of data between transmitters and
receivers. The advent of smart grids, however, has blurred
this distinction by embedding communication as an essential
enabler of decentralized power control and system telemetry. In
particular, the widespread deployment of power electronic con-
verters (PECs), which bridge energy sources, storage systems,
and loads, now demands enhanced communication capabilities
[1]. Embedding communication functionalities into PECs has
been termed “power talk” when targeting system-level control
[2], and “talkative power” [3] or “zero-additional hardware
power line communication” [4] when highlighting converter
implementation itself [5], [6].

In this paper, we adopt the more general term talkative
power conversion (TPC) [7], which extends to wireless power
charging and visible-light communication via light-emitting
diodes [3], [7], [8]. TPC embeds data signals into the ripple
component of a switched-mode PEC’s output voltage. Because
the symbol rate is tied to the switching frequency, achievable
data rates typically range from 1 kbps to 1 Mbps [8], [9].
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TPC thus offers an efficient, low-complexity communication
solution for localized grids and renewable energy systems [10].

TPC can be implemented across a variety of PEC topologies.
Within the scope of this paper, we focus on DC-DC step-
down converters, commonly called buck converters, where the
switching and filtering stages are separable. These PECs pose
a particular challenge in the context of TPC: the output ripple
must be constrained to a few percent of the nominal DC
voltage, yet the embedded data must still be recovered reliably.
As a result, the data-bearing switching pulses are heavily
distorted, making signal processing for communication, namely
robust data detection, a pivotal task.

These aspects were addressed in [11] for the first time,
by providing a discrete-time signal model, deriving corre-
sponding receiver designs, and presenting an experimental
proof-of-concept. In recent subsequent work, comprehensive
signal models for TPC were introduced in [12]. These models
revealed that significant intersymbol interference (ISI) effects
can occur, complicating reliable data recovery at the receiver
and highlighting the need for effective yet low-complexity
equalization techniques. In [11], the focus was on maximum-
likelihood sequence estimation, which is the optimal equaliza-
tion approach for minimizing the sequence error probability.
Unfortunately, its receiver complexity increases exponentially
with channel memory length. To mitigate this, suboptimal
receiver structures were also discussed in [11]. In bit error
rate (BER) simulations, a block-wise operating detector with
a reduced number of states was employed, but details were
not elaborated on further. In particular, reduced-state receiver
techniques for continuous data transmission were not addressed
in [11].

In this paper, we introduce reduced-state sequence esti-
mation (RSSE) [13] for TPC, which provides a compromise
between receiver complexity and resulting BER performance
and allows for continuous data transmission. To this end, the
RSSE detector operates sequence-wise rather than block-wise.
Building on the signal models in [11], [12], we present a
structured state-reduction methodology and evaluate the result-
ing BER performance against a theoretical upper performance
bound to capture the performance/complexity trade-off. To the
best of our knowledge, this marks the first detailed exploration
of reduced-complexity receiver schemes for TPC. We believe
that this effort constitutes a critical step towards addressing
the challenging channel conditions of TPC in practice and to
making TPC-based data transfer a reality.

The rest of this paper is organized as follows. Section II
introduces the transmission and channel model for TPC. In
Section III, we develop the RSSE scheme and derive the theo-
retical performance bound. Section IV presents and discusses
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Fig. 1. Circuit diagram of a buck converter system. It consists of a switching
unit comprising a pair of coupled switches S1 and S2 and a subsequent filtering
unit, which is assumed to be an LC-lowpass filter. R is the load that is powered
by the buck converter. Through the control of the switches S1 and S2, data
ak ∈ {0, 1} may be embedded in the output voltage v(t), thus enabling TPC.

the numerical results, and Section V concludes the paper.

II. SYSTEM MODEL FOR TALKATIVE POWER CONVERSION

In this section, we introduce the TPC signal and channel
models and briefly review the effect of data modulation on
voltage ripples.

A. Description of Signals

Figure 1 shows the buck converter with a DC input voltage
of V1 and output voltage signal v(t). The function of the buck
converter is the voltage step-down conversion from V1 to V2 :=
δV1, where δ ∈ [0, 1] is the duty cycle. This is accomplished
through the coupled switches S1 and S2, which are controlled
by the switching signal s(t). In the classical operation without
data transmission, s(t) is a periodic waveform with switching
period T that can be written as

s(t) =


0, 0 ≤ t < (1− δ)T/2,

1, (1− δ)T/2 ≤ t < (1 + δ)T/2,

0, (1 + δ)T/2 ≤ t < T

(1)

for 0 ≤ t < T . This ensures that the temporal average of v(t)
is equal to V2.

In TPC, the switching waveform is modulated as

s(t) =

+∞∑
k=−∞

gak
(t− kTb), (2)

where ak ∈ {0, 1} is the data to be transmitted at a rate of
1/Tb bit per second. The bit period Tb is an integer multiple
of T , i.e., Tb = B ·T , B ∈ N. B > 1 applies to line coding (see
Section II-B). The non-negative data-carrying pulse satisfies

ga(t) = 0, for t < 0 and t ≥ Tb,

and
1

2

∫ Tb

0

(g0(t) + g1(t))dt = δT,

so as to satisfy the primary function of a voltage step-
down conversion from V1 to V2 = δV1. The pulse shape for
0 ≤ t < Tb depends on the modulation and line coding scheme
and is usually composed of rectangular components. Typical
modulation schemes are phase shift keying (PSK), frequency

Fig. 2. Modulated waveforms for four binary modulation schemes suitable
for TPC. Left column: g0(t) vs. t, right column: g1(t) vs. t, for Tb = T , a
duty cycle of δ = 0.75, and dδ = 0.2 for PWM.

TABLE I
PARAMETERS FOR A TPC SCENARIO USED FOR NUMERICAL RESULTS.

Parameter Value

TPC Modulation PSK
Line coding disabled B = 1
Line coding activated B = 2 (Manchester)

Buck converter

Switching interval T 1 µs
Input voltage V1 10 V

Duty cycle δ 0.75
Inductance L 10 µH

Capacitance C 1 µF
Load impedance R 10 Ω

shift keying (FSK), pulse position modulation (PPM), and
pulse width modulation (PWM), which are illustrated in Fig-
ure 2 for B = 1 and δ = 0.75. The difference between the
pulse widths for the two data symbols in PWM is set to
dδ = 0.2.

B. Ripple Power Considerations

The data are carried in the deviations of v(t) from its
mean value V2, which are referred to as ripples. While the
unmodulated switching signal of the buck converter already
causes ripples, the ripple power is increased due to modulation.
This is illustrated in Figure 3, for a relevant example scenario
of TPC with PSK and the buck converter parameters as given in
Table I. Comparing the “TPC, B = 1” and the “unmodulated”
curves, we observe a notable increase in the ripple signal with
TPC.

Since the primary purpose of the buck converter is DC-DC
conversion, the ripple strength should not be unduly increased



Fig. 3. Ripple signal (v(t)− V2) for unmodulated DC-DC conversion, TPC
without (B = 1) and with (B = 2) line coding. Parameters as in Table I.

Fig. 4. Modulated waveforms for PSK with Manchester coding, Tb = 2T
(B = 2). The duty cycle is δ = 0.75.

due to data modulation. For this reason, line coding has
been proposed in [11]. We apply Manchester coding with the
mapping

0 → 0 1

1 → 1 0
(3)

of the original data sequence ak. This is incorporated into the
signal model (2) by setting Tb = 2T (B = 2) and having the
pulse shapes gak

(t) account for the mapping in (3). Figure 4
shows the corresponding line coded pulse shapes g0(t) and
g1(t) for the case of PSK. Returning to Figure 3, we note that
TPC with line coding provides a notably more subtle increase
in the ripple peaks and is thus the preferable mode of TPC.
Optimizing line coding under a ripple peak-power constraint is
an interesting subject of study within TPC research, although
it will not be further explored in this work.

C. Discrete-time Channel Model

A comprehensive derivation and discussion of the “channel”
between s(t) and v(t) has been provided in [12]. We borrow
from this work and, accordingly, relate the buck converter
output signal v(t) and the switching signal s(t) through the
coupled differential equations

di(t)

dt
=

1

L
(V1s(t)− v(t)) (4)

dv(t)

dt
=

1

C

(
i(t)− v(t)

R

)
, (5)

where i(t) denotes the current through the inductance in the
LC lowpass filter in Figure 1. Next, we apply Euler’s method
to discretize time in Eqs. (4) and (5) using step size ∆t = T/J ,

Fig. 5. Output voltage v(t) for the transmission of a = 0 and a = 1 preceded
and followed by a large number of unmodulated pulses. System parameters as
in Table I, without line coding (B = 1).

where J is referred to as the oversampling factor. Using a final
approximation of v[n] = v(n∆t) ≈ v[n−1] for the right-hand
side of (5), we obtain the simplified discrete-time model

i[n] = i[n− 1] +
∆t

L
V1s[n]−

∆t

L
v[n− 1],

v[n] =
CR−∆t

CR
v[n− 1] +

∆t

C
i[n].

(6)

This channel model was used in [11] and its approximation
accuracy has been demonstrated in [12]. We adopt it for
the formulation of the practical equalization schemes in the
following section.

III. EQUALIZATION FOR TPC

In this section, we consider equalization for TPC. We first
derive the matched filter bound (MFB) for TPC, which is an
upper bound for the performance of data transmission over
linearly distorting channels [14, Ch. 8]. We then proceed to
introduce a practical equalization method that allows for con-
tinuous data transmission and a trade-off between complexity
and performance.

A. Matched-filter Bound (MFB)

The MFB considers the transmission of single data symbols
a = 0 and a = 1 and their detection at the receiver via matched
filtering. The data-carrying pulse shape ga(t) is convolved with
the impulse response of the buck converter hc(t), resulting in
the modulated signal waveform

va(t) = (ga ∗ hc)(t), a ∈ {0, 1} , (7)

where “∗” denotes convolution. An illustration of the two
signals for a = {0, 1} is shown in Figure 5 for the case of
transmission of a single data symbol preceded and followed
by a large number of unmodulated pulses for the system
parameters from Table I.

Figure 6 shows the block diagram for the transmission
model and receiver structure associated with the MFB. As
stipulated by the MFB, we assume that TPC signals experience
additive white Gaussian noise (AWGN) n(t), whose power
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Fig. 6. Transmission model and receiver structure associated with the MFB,
which serves as an upper performance bound for the equalization schemes
investigated in the sequel.

TABLE II
d01 AND PEAK AND AVERAGE VOLTAGE RIPPLE FOR DIFFERENT
MODULATION SCHEMES AND DUTY CYCLES. BUCK CONVERTER

PARAMETERS FROM TABLE I, LINE CODING ACTIVATED (B = 2).

Modulation
Scheme Duty Cycle δ

d01
[µV s1/2]

[vrip]peak
δV1

%
[vrip]avg
δV1

%

PSK
0.25 144 11 4
0.50 272 7 2
0.75 141 2 0.5

FSK
0.25 17 0.8 0.2
0.50 24 0.5 0.2
0.75 19 0.3 0.1

PWM

δ dδ
0.25 0.2 416 20 5
0.50 0.2 416 10 2
0.75 0.2 416 7 2
0.75 0.1 248 4 1

Unmodulated
0.25 0.5 0.2
0.50 0.3 0.2
0.75 0.2 0.1

spectral density is denoted by N0/2. The receiver performs
matched filtering for the two data hypotheses and adjusts for
the waveform energies

ηa =

∫ ∞

−∞
(va(t))

2dt . (8)

The decision variables rd can be written as

rd =

∫ ∞

−∞
(va(t) + n(t))vd(t)dt−

1

2
ηd , d ∈ {0, 1}. (9)

The decision rule is given by

â = argmax
a∈{0,1}

(ra) . (10)

Deriving the error probability for (10) leads to the well-known
expression

Pe = Q

(
d01√
2N0

)
, (11)

where
d201 =

∫ ∞

−∞
[v0(t)− v1(t)]

2
dt (12)

is the squared Euclidean distance between the two waveforms
associated with a = 0 and a = 1, and Q(·) denotes the Gaus-
sian Q-function. As a result, Pe is reduced with growing d01.

v(t)

n(t)

hr(t)
Ts

r[n]

Fig. 7. Receiver for TPC. Equalization is performed on the signal r[n] after
sampling with Ts = T/S.

The variation of d01 with different modulation schemes
and duty cycles is shown in Table II (3rd column), for the
system parameters in Table I and transmission with line coding.
Considering PSK and FSK modulation, we observe that d01
is highest for δ = 0.5. For PWM, d01 does not change with
the duty cycle, as long as parameter dδ , i.e., the pulse-width
difference between the two PWM symbols for a = 0 and
a = 1, remains unchanged. The results can qualitatively be
confirmed by considering the waveforms in Figure 2 and
accounting for line coding as shown for PSK in Figure 4.
Furthermore, Euclidean distance values are notably large for
PWM and PSK compared to FSK. One may therefore favor
PWM with a larger dδ over PSK and PSK over FSK for a
given duty cycle. However, larger d01 means larger ripples, and
thus the set of permissible modulations will be constrained by
the allowed peak ripple value and/or the allowed ripple power.
Therefore, Table II (4th and 5th columns) also includes the
peak and average values of the voltage ripple, [vrip]peak and
[vrip]avg respectively, expressed as a percentage of the mean
output voltage δV1. We observe that FSK produces much lower
peak and average ripple levels than PWM and PSK. In fact,
FSK ripple levels are very similar to those for the unmodulated
case (last three rows). Thus, if ripple strength is a strong
concern, then FSK would be the preferred solution.

B. Reduced-State Sequence Estimation (RSSE)
The receiver structure for practical equalization is shown in

Figure 7. An anti-aliasing lowpass filter hr(t) is applied before
sampling with frequency 1/Ts = S/T , i.e., S samples per
switching interval. As we will need to associate binary symbols
ak with samples v[n] and i[n] in (6) and r[n] in Figure 7, we
introduce J ′ = B ·J and S′ = B ·S. That is, J ′ and S′ denote
the number of samples of (v[n], i[n]) and r[n] per bit interval
Tb, respectively.

Similar to [11], we base the formulation of the equalizer on
the discrete-time channel model in (6). To set up the RSSE, we
define the set of 2K states S = {0, 1}K , where K ≥ 0. At each
data-bit index k, the states correspond to all the possible K-
tuples (ak, . . . , ak+K−1), and we form the 2K+1 hypotheses
ã
(ℓ)
k = [ãk, . . . , ãk+K ], ãj ∈ {0, 1}, j = k, . . . , k + K, ℓ =

1, . . . , 2K+1. Furthermore, we have estimates v̂[kJ ′] and î[kJ ′]
for v[kJ ′] and i[kJ ′] in (6) derived from decisions âk−ℓ made
for ak−ℓ, ℓ > 0, incorporated into s[n] until symbol-time k.
Then, using (6), the data hypotheses ã(ℓ)

k are mapped to vectors

ṽ
(ℓ)
k = [ṽ[kJ ′ + 1], ṽ[kJ ′ + 2], . . . , ṽ[(k +K + 1)J ′]]

and, via J/S = J ′/S′ downsampling, to vectors

r̃
(ℓ)
k = [r̃[kS′ + 1], r̃[kS′ + 2], . . . , r̃[(k +K + 1)S′]] .



Fig. 8. Illustration of 2-state RSSE (i.e., K = 1). Evolution of states and
decisions over three bit intervals in terms of the voltage signal v[n]. At each
bit interval, 4 hypotheses are explored (blue lines), an estimate âk for ak is
obtained corresponding to the dashed magenta line, which gives the starting
point (black line) for the next bit interval. System parameters are chosen
according to Table I and line coding is activated (B = 2).

Finally, using the latest received samples

rk = [r[kS′ + 1], r[kS′ + 2], . . . , r[(k +K + 1)S′]] ,

we extract the first element âk from

âk = argmin
ã

(ℓ)
k

(
∥rk − r̃

(l)
k ∥

)
(13)

as the decision for ak. Finally, based on the decision âk for
the current data bit ak, we obtain the corresponding estimates
(v̂[(k+1)J ′], î[(k+1)J ′]) for (v[(k+1)J ′], i[(k+1)J ′]), and
proceed to the detection of ak+1.

Figure 8 illustrates the progression of hypotheses for the
case of a 2-state RSSE, i.e., K = 1, and three bit intervals.
At each bit interval, 2K+1 = 4 hypotheses ṽ

(ℓ)
k , ℓ = 1, 2, 3, 4,

are explored to obtain an estimate âk for ak. The signal v[n],
n = kJ ′+1, . . . , (k+1)J ′, corresponding to âk is highlighted
as “Selected”, and is then copied as part of the “Decided” path
in the next subplot.

IV. PERFORMANCE RESULTS AND DISCUSSION

We evaluate the bit error rate (BER) performance of TPC
with RSSE in this section. As shown by the MFB and Eu-
clidean distance results in Table II, the permissible level of
ripple in the output voltage signal directly influences the TPC
error-rate performance. Hence, the focus of this section is not
to make statements on absolute BERs, but to determine to what
extent practical RSSE can approach the MFB, i.e., the ultimate
performance bound.

A. Simulation Setup

We implement RSSE equalizers with 1, 2, 4, and 8 states
using the discrete-time channel model in (6) for the system

Fig. 9. BER vs. SNR for RSSE with 1, 2, 4 and 8 states. Comparison with
the MFB. The number of samples per bit period is S′ = 8.

parameters given in Table I and an oversampling factor of J =
1000. Pseudo-randomly generated data bits modulate switching
pulses to drive the buck converter using PSK and Manchester
line coding, and the resulting output voltage v(t) is obtained by
convolving the switching signal s(t) with the impulse response
hc(t) of the converter in Figure 1. v(t) is then passed through
an anti-aliasing lowpass filter before being sampled at a rate
of 1/Ts = S/T . Unless stated otherwise, S = 4 is applied,
leading to a received signal with S′ = B · S = 8 samples
per bit interval. Furthermore, we use a sampling offset of J/8
samples corresponding to a period of T/8, as this was found
to be favorable for detection over the range of S′ investigated,
namely 2, 4, and 8.

The anti-aliasing lowpass filter hr(t) in Figure 7 is approx-
imately ideal with bandwidth 1/Ts and normalization∫ ∞

−∞
hr(t)dt = 1.

Therefore, ∫ ∞

−∞
h2
r (t)dt = 1/Ts,

and the noise variance of the discrete-time AWGN affecting
r[n] is given by σ2

n = N0/(2Ts). The mean value of the signal
r[n] is δV1, and thus the power of the voltage ripple relevant
for data retrieval is given by

Pr = E[(r[n]− δV1)
2], (14)

where E[.] denotes the statistical expectation. Introducing the
energy per data bit Eb = PrTb = PrS

′Ts, we define the
signal-to-noise ratio (SNR) as

SNR =
Eb

N0/2
=

PrS
′

σ2
n

. (15)

B. Results

Figure 9 shows the BER vs. SNR performance for RSSE
with 1, 2, 4, and 8 states, for S′ = 8 samples per bit inter-
val. The MFB on performance is also shown. We observe



TABLE III
SNR GAPS OF 8-STATE RSSE AT DIFFERENT TARGET BERS.

BER SNR Gap [dB]
SNRRSSE − SNRMFB SNRRSSE − SNRRSSE (genie)

10−2 1.20 0.15
10−3 1.00 0.10
10−4 0.90 0.00

Fig. 10. BER vs. SNR for 8-state RSSE with S′ = 2, 4 and 8 samples per
bit interval and sampling offset T/8. Comparison with the MFB.

a Q-function-like behavior in the BER curves, as predicted
by the MFB error-rate expression (10). Moreover, increasing
the number of RSSE states enhances performance; however,
the incremental gains diminish, nearly saturating with eight
states in the considered scenario. Notably, the performance
approaches that of the MFB, with an SNR gap of only about
1 dB using an eight-state RSSE equalizer. This indicates that
the proposed equalizer structure is highly effective.

This conclusion is made further explicit by showing SNR
gaps for eight-state RSSE and different target BERs in Ta-
ble III. “SNRRSSE − SNRMFB” quantifies the gap to the MFB,
which decreases for lower BERs. “SNRRSSE −SNRRSSE (genie)”
compares the results from Figure 9 with those obtained with
genie-aided RSSE, i.e., the idealized case of using correct
previous decisions âk = ak for detecting the next data symbol
ak+1. We observe that the practical RSSE approaches the
performance of genie-aided RSSE very closely, already for
a BER of 10−2. Very similar quantitative results have been
obtained for two- and four-state RSSE. We thus conclude that
error propagation is not a significant factor that would limit
the performance of practical RSSE.

Figure 10 shows the performance of eight-state RSSE for
three choices of the number of samples per bit interval S′,
namely 2, 4, and 8. The corresponding values of S, the
number of samples per switching interval, are 1, 2, and 4.
A higher S′ causes an increase in the minimum distance
between the RSSE hypotheses used for making a bit-decision
as per (13), but is balanced out by a corresponding increase
in Eb and consequently the required SNR given by (15). Thus
the performance remains virtually the same, and an adequate

number of samples per bit interval can be chosen depending
upon the channel noise level and target SNR range of the
application.

V. CONCLUSION

In this paper, we introduced RSSE for talkative power
conversion (TPC). Our RSSE formulation is built on a
discrete-time channel model derived from coupled difference
equations, which naturally leads to a state-space framework for
sequence estimation. Bit-error-rate results from a representative
example scenario show that RSSE remains effective even with
a small number of states and a low sampling rate. In particular,
comparison with the matched-filter bound indicates that RSSE
achieves near-optimal performance. In practical TPC systems,
an additional challenge is that converter parameters may be
imperfectly known due to temperature variations, component
aging, and time-varying loads. To support real-world deploy-
ment, our ongoing work focuses on equipping the RSSE-based
receiver with channel estimation capabilities and evaluating
its robustness to parameter variations, as well as extending
the equalization approach to other converter topologies and
optimizing TPC under ripple constraints.
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