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Abstract—The success of full-stack full-duplex communication
systems depends on how effectively one can achieve digital
self-interference cancellation (SIC). Towards this end, in this
paper, we consider unlimited sensing framework (USF) enabled
full-duplex system. We show that by injecting folding non-
linearities in the sensing pipeline, one can not only suppress
self-interference but also recover the signal of interest (Sol). This
approach leads to novel design of the receiver architecture that is
complemented by a modulo-domain channel estimation method.
We then demonstrate the advantages of .#)-ADC by analyzing
the relationship between quantization noise, quantization bits,
and dynamic range. Numerical experiments show that the USF
enabled receiver structure can achieve up to 40 dB digital SIC
by using as few as 4-bits per sample. Our method outperforms
the previous approach based on adaptive filters when it comes
to Sol reconstruction, detection, and digital SIC performance.

Index Terms—Digital self-interference cancellation, full duplex,
unlimited sampling, quantization noise.

I. INTRODUCTION

Future growth of wireless communication systems in terms
of applications and transmission bandwidth poses strong re-
strictions on the frequency spectrum [1]]. A promising solution
to the spectrum scarcity problem has been the design of
In-Band Full-Duplex (FD) systems [2]]. It has attracted a
surge of research interest due to potential doubling of the
spectral efficiency [2]]. However, the coupling between the
co-located transmitter and receiver in FD systems causes
severe self-interference (SI) (e.g. up to 100 dB [2]). This
results in an undesirable scenario where the signal of interest
(Sol) containing the uplink data irretrievably drowns in the
interference. On the one hand, simultaneous occurrence of SI
and Sol naturally necessitates a high dynamic range (HDR)
analog-to-digital converters or ADCs, or else, there will be no
hope of recovering the uplink data from this occurrence. On
the other hand, for a fixed bit budget, HDR ADCs entail higher
quantization noise which can compromise the capability of
existing algorithms. In this case, the only available remedy is
to boost the number of bits used for digitization. This strategy,
proves to be sub-optimal because higher bit-budget entails
higher power consumption and cost. In crux, combating the
effect of SI creates an inevitable trade-off between the bit-
budget and the dynamic range (DR).

Given the significance of this problem, several promising
techniques for SI cancellation have been proposed in the
literature, including [3[], [4]]. Broadly, these methods can be
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classified as follows: 1) Analog Domain: The key concept
here is to generate a negative copy by the canceller circuit, and
this replica is subtracted from the received signal [3]]. However,
the analog-domain signal processing is especially difficult
and entails high hardware complexity (compared to digital
implementation). And even then, this does not enable complete
cancellation of the SI, resulting in unwanted residuals [2]] and
can even sometimes increase the SI based on the experiment
[S]. This has motivated the development of digital methods.
2) Digital Domain: In contrast, the SI channel estimation and
signal processing for cancelling SI becomes relatively easy
in digital domain [4]]. This is due to the flexibility of the
digital hardware and algorithms. However, the digital-domain
cancellation is limited by the ADC’s DR leading to clipping
errors and large quantization noise.

Our work is based on the latter, and more prevalent approach
of digital domain SI cancellation. In this context, so that we
can simultaneously tackle the ADC saturation and quantization
noise issues, we propose to use Unlimited Sensing Framework
(USF). In summary, instead of using conventional ADCs, we
use modulo ADCs or .#-ADCs at the core of the USF [6],
[7]. We develop a fully digital-domain SI cancellation and
propose a full-stack, FD receiver architecture design stem-
ming from the use of modulo ADCs. It considers the digital
signal processing, i.e. “inversion” of the modulo non-linearity,
channel estimation, digital SIC, and signal detection. Recently,
we have proposed a receiver architecture design for Massive
MIMO systems [7]] that is based on the USF. Similar to that
case, our approach here does not employ any analog-domain
SIC circuitry, AGC and VGA, resulting in a low hardware
complexity. Different from [[7], our design considers FD case,
thus it encompasses new aspects of modulo-domain sparse
channel estimation and digital SIC. This is elaborated in the
contributions. We validate our approach through simulations
and show its superiority over recent approach. Specifically, our
method can achieve 40 dB digital SIC with as little as 4-bit
quantization resolution.

Contributions. Our main contributions are as follows:

« Theoretical front. We propose a full-stack FD receiver
architecture design, which can handle HDR signals and
achieve higher quantization resolution with a given budget.
The full-stack design in this paper enables understanding
of the trade-off between bit-budget and DR, and the best
achievable digital SI cancellation capability.

« Algorithmic front. We present recovery algorithms for the
FD case. Additionally, we also propose a novel modulo-
domain sparse channel estimation method, resulting in a
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Fig. 1. FD model with modulo-domain channel estimation method and digital
cancellation based on . -ADC.

more accurate digital SI cancellation compared with pre-
vious methods based on adaptive filters [S§]].

. Hardware front. Since our approach is devoid of any
analog-domain SIC circuitry, e.g. AGC and VGA, it lends
itself to a low complexity hardware implementation.

Ordonez & co-workers were early to identify the benefits of

modulo non-linearties for combating receiver saturation in a

FD setup [8]. Their work presents a systematic analysis of

“Modulo FD Transceiver” inspiring new architectures in the

field. Compared to [8]], our work has fundamental differences:

1. Our scope includes the recovery problem in the full-stack
FD architecture, unlike [8] which stops at the ADCs and

does not cover subsequent processes. This is relevant and
timely for realizing a fully digital-domain FD design.

2. We propose a new modulo-domain channel estimation
method instead of the adaptive filter-based method in [S]].
Additionally, we provide a sampling theorem that ensures
the success of our approach, enabling accurate SI channel
estimation and fully digital-domain SI cancellation.

3. We consider low-resolution quantization to facilitate lower
power consumption, as ADC quantization dominates power
usage. In contrast, [8] does not account for this advantage.

II. SYSTEM MODEL

The FD communication system we consider is shown in
Fig.|1} The baseband signals, ¥R [k] and ~'[k], are pulse-shaped
and up-converted to form the passband signal, z4(t). The FD
transceiver simultaneously serves an uplink and a downlink
user. The received antenna signal is given by

2(t) E (hyxg2a) (1) + (hsixp2a) (1) +0(t), (1)
Sol Sl

—e x is the semi-discrete convolution operator with sampling
interval 7' and some sequence c € ¢2, defined by

spier () ()= 30 el)o(t—KT).

—e h, and hg are the discrete uplink and SI channels in the
FD system, respectively.

—e x,(t) and w4(t) are the pulse-shaped continuous-time
uplink signal and downlink signal, respectively.

—e n(t) ~ CN(0,1) is the additive complex-Gaussian noise
at the receiver.

Subsequently, the received signal enters the RF chain and
is processed by the .#-ADC at the quadrature and in-phase
channels, respectively. As shown in Fig. [I} we design a novel
RF chain, signal processing blocks for Sol reconstruction,
digital SIC, and detection.

Receiver. Compared with conventional receiver architecture
for FD system, our novel receiver deploys a .#-ADC to si-
multaneously prevent drowning of Sol caused by the saturation
due to the limited DR, and reduce quantization noise. Specif-
ically, the continuous-time baseband signal for |/Q channels,
rQ(t) and r'(t), are first folded with modulo threshold A > 0
by the .#-ADC hardware [9]. Since, i) the modulo signal r(t)
is bounded by A (in absolute sense), no VGA and AGC [10] is
needed, and ii) there is no requirement for analog-domain SIC
circuitry, our approach results in a lower hardware complexity.
The continuous-time modulo-folded signal is sampled and
quantized, resulting in,

r(t) 2o, 8] 22512, | = gx [k] = 2o(r [K])

where . (-) [7], [11] is the centered-modulo operator pro-
ducing modulo samples, 7y [k] o AN (7 (t))|,—pr and 2
is the quantization operator with bit budget of b bits. These
quantized samples gy [k] enable the reconstruction of the SI
rsi, and thus we can achieve SIC by subtracting it from the

received signal 7.

Recovery from folded samples. To reconstruct the HDR
input signal, r(¢), from its modulo samples, an "inversion" of
modulo non-linearity .#)(-) is needed. The key to unfolding
the modulo samples is based on the observation that the finite
difference operator commutes with the modulo in some sense
[6]. This allows us to obtain the higher-order differences of r
from its modulo samples, 7. Thus, the reconstruction amounts
to the problem of stably inverting the difference-operator.
Let us define the L™ order finite difference of the sequence
x[k] by the recursion, (Afz)[k] = AL"Y(Az)[k],L > 1.
When L = 1, we define z[k] = (Ax)[k]=z[k+1] —z[k] —
x = Ax. Specifically, according to the unlimited sampling
theorem with bounded noise [6]], oversampling r (¢) € Bq
with T < 1/2%Qe, where a € N, Q is the bandwidth, and
e is the Euler’s number, allows us to access the L™ order
difference, AXr, from its modulo samples 7 [k]. A suitable
Lcanbe L* > “;’EZ‘T_SQ)-‘ with 5, € 20Z and B, > ||7||co. To
stably invert the difference operator, we use the anti-difference
operation S, defined by S : {s[k]}rez+ — an:l slm).
Instead of recovering r via anti-difference operation S, we
capitalize the piece-wise constant structure of the residue
e (t) = r(t) — A\(r(t)), that is, Ale, (KT) € 2)\Z, to
reconstruct the unfolded signal. The reconstruction approach is
summarized in Algorithm [I| which also works with quantized
measurements [[6]. The .#-ADC introduces a computational
complexity of order O(LNy), where Ny is the sample length.
However, the hardware complexity is reduced as the design
eliminates the need for AGC and VGA. This trade-off is
advantageous, given the lower cost of computational power.




Algorithm 1 Recovery from Noisy Modulo Samples

Algorithm 2 Modulo-domain Sparse Channel Estimation

Input: ¢, [k] and 2)\Z > 8, > |7l -
Output: 7[k] ~ r(kT).

1) Compute L = [%—‘-
2) Compute (ALgy) [K].
3) Compute (Ale, ) [k] =
Set s10} [k‘] = (ALET‘) [k]
for[=0:L—2do

i) st K] = (Ss1) k]

if) 1} = 23 [7““?/”

(://)\ (Aqu) - ALQ,\) [kj]

—‘ (rounding to 2)AZ)

2 A1 (2 Al

iii) Compute {1 = (s?aler)1] 1gZTA ) +1] +
iv) sUHHE] = s E] + 2X618

end for

5) 7k} =S (sgr—1y) [k] + ax [k] + 20\, v € Z

|

N[

Modulo-domain channel estimation and digital SIC. To
achieve a full-stack fully digital-domain SIC FD system,
we propose a modulo-domain channel estimation method to
estimate SI channel, hg|, as in Algorithm [2| In addition, we
design a corresponding digital SIC approach based on .#)-
ADC, inspired by [6], [12]. Since the received signal can be
acquired without saturation, and it incorporates SI and Sol as
given in (I), our aim is to reconstruct SI via our proposed
approach and subtract it from the received signal.

Specifically, in the proposed modulo-domain channel esti-
mation method, a pilot is firstly transmitted, and we assume
no Sol is transmitted during the SI channel estimation period.
This is the typical configuration for SI channel estimation
[13]. Considering a single path SI channel, hg), with delay,
7, and amplitude, A, the SI channel is hence modelled as
hsilk] = Ad[k — 7]} After down-conversion, the pointwise
received SI samples are given by

A=, G O

where v is a T),-periodic baseband transmit signal (reference
signal, cf. transmitter in Fig. h5| = Ae w7 P =
[Q/wo], wo = 27/T,, and K > 2P + 1. Addmonally, o
is the Fourier series (FS) coefficient and 7, = 7,;. We then
have the bandlimitedness that is 7, = 0, |p| > P = [Q/wo]
denoted by f € Bq. In vector-matrix format, is given by

roi[k] = Aylk

rs; = U* D5 hg), 3)

—e rg € REX1 is the samples with [rs)];, = rs)(kT).

—e U e CE*(2P+1) ig the Discrete Fourier Transform (DFT)
matrix with element [U]y , = e P«<okT,

—e D5 is the matrix of FS coefficients. It is a diagonal matrix
and the FS coefficients of the kernel (transmit signal), -,
are on the diagonal, i.e. [D5]p,, = Fp.

—e h5| € CP+x1 g a vector of exponentlals parameterized
by the unknown channel, i.e. hg) , = hg) p.

'We assume a single-path self-interference (SI) channel in the initial stage
of our research. Future work will include the exploration of more realistic
scenarios, such as multipath and time-varying channel models.

Input: {rg k], s [k]} 1", Tp, and P.

Output: hg.
1) Compute Tg; , = Vrg , (DFT).
2) Define [Z]n = —[i'\s|’)\}n,n S HKfl\Ep’Kfl.
3) Estimate number of folds, M, by forming a Toeplitz or
Hankel matrix from [z], [9] and then thresholding using
second order statistic of eigenvalues [[14].
4) Estimate folds using Prony(z) - ({tm.vm }m—o ).
5) Construct g, for n € [0, K — 2].
6) Estimate [T's)], = [Tg \]n + € Jn:7 € Epr_1.
7) Calculate 5 with given reference signal ~. Compute
element-wise division that is d = Tg,/4, where [d], =
e 107 [d],—q. N
8) Calculate ¢ = ([d],, — [d]n+1)/([d]n-1 — [d]).
9) Compute 7 = —K arctan(q )/(27), A = &(|d]), and
hg) = Ad(k — 7).
10) Reconstruct rs; = hg) * v and subsequently subtract it
from the received signal ()

In our case, the forward model takes the form of,

rsi, = #\(U" D5 hg) € REXL, 4)

and the goal is to estimate rg; in (3).

Estimation Procedure. Starting from the modulo decompo-
sition property, we have

A
Isjx =Ts| — &g —> L5\ =TLg — &g, Lg = Arg) (5)

where A is the finite difference operator yielding, [Arg|, =
[rsi]k+1 — [rsi]k. We use I = {0,--- ,K — 1}, K € Z" to
denote the set of K contiguous integers, and Ep x = [0, P]U
[K — P K —1],|Epk| = 2P + 1 to denote the effective
spectrum. Applying the DFT on (§) results in,

—Veg, [Vl =e (F)m ke lp_,
(6)
where V. e CHE-DX(K-1) js the DFT matrix. Noting that
Vg, is the contribution due to the bandlimited part, choosing
n € (Ix—1\Epx_1) + (K — 1)Z provides us with access
to the modulo folds, which in the DFT domain assume
a parametric form. In particular, Yn € (Ix_1\Epx_1) +
(K — 1)Z, Vrg, = —Vegg = Z%:_ol Mme_J(%)%”m
is sum-of-complex-exponentials [9], [12] which can be es-
timated via Prony’s method [[15]. We denote this procedure
by, Prony(z) +— ({um,um}%:—ol,f) where z = —Vgg,

Vn € (]IKfl\Ep’Kfl).
With &g, known, we can remove its contribution and obtain

V£5|,,\ = Vrg,

Ts; = T \+&g;. Instead of recovering the signal rs;, we follow

a direct Fourier domain deconvolution approach to estimate
hg,. To this end, note that,

Vn € (EP,K—l) + (K — 1)Z, ESI [n] = j[n]Ae—jwon‘r (7)

The process of deconvolution now entails point-wise division,

A ESI[TL] _ —JnwoT — N
d[n] = Sl = Ae™ = hgi[n]. 8)
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quantization b when the DR and ¢ = 0.1 are fixed; (b) DR when the
quantization b = 2 and ¢ = 0.1 are fixed.

With [d],, = d[n], we can now estimate A = |d| and more
generally, via &(|d|), where & denotes expectation operator.
The unknown delay is estimated via,

[d],./[d]n_1 = e 7T = 7= -

—Jwo

Z([dn/ld]n-1)- )

Furthermore, one may leverage measurement redundancy to
obtain a robust estimate via least-squares solution. The proce-
dural steps are outlined in Algorithm [2| Having estimated hg
via the proposed modulo-domain channel estimation method,
we can reconstruct s and subsequently subtract it from the
received signal (r), to obtain the Sol, rs,.

Recovery Condition: For Algorithm [2[ to succeed, the expo-
nential fitting part (i.e. Prony’s method) in step 2 requires

K>2(P+M+1)

while step 8 (see () requires that P > 1. With the period
7 = KT, the recovery condition thus is, T < with

e
P =[ZL] > 1, resulting the following theorem.

Theorem 1 (Modulo-domain Channel Estimation). Let g =
hsi * v where hs|(t) = Ad(t — t,) is the unknown 1-sparse
channel, and ~v € Bq is a known, T,-periodic, transmitted
signal. Given K modulo samples gx[k] = #x(g(kT)),T > 0
folded at most M times, the sufficient condition for estimation
of hs) from {ga[k]}1—y is that T < % and K > 2(M + 2).

ITI. ANALYSIS OF QUANTIZATION NOISE

To understand the trade-off between bit budget and DR
of both the .#\-ADC and conventional ADC, we analyze the
quantization noise. Our theoretical analysis and simulations
show that the .#,-ADC can achieve a better trade-off between
bit budget and DR; the quantization noise of .#)-ADC is
smaller compared to that of the conventional ADC. Since
we focus on the quantization noise, we assume that DR, p,

matches the peak-to-peak amplitude of the signal r. Thus,
there is no clipping error.

The amplitudes of the single-carrier signal are subject to a
uniform distribution, r[k] ~ 4/(0, 1), thus the variance of the
sample r[k] is 02 = p3/12. The variance of the quantization
noise Ug is given by

o2 = % _ o2 9% (10
a 12 T ’
where go = 27%p, is the step size of the mid-rise quantizer.
Since the modulo samples follow a uniform distribution,
ra[k] ~ U(0,(?), the quantization noise of .#,-ADC is
ai/\ = (203 = CQU? 2_2b, (11)
where ( = \/||r||« is the ratio between the modulo folding
threshold and maximum value of the input signal. Hence, there
is in theory a 20 log;(1/¢) dB reduction in quantization noise.
Based on (I0) and (TI)), we observe the quantization noise
with varying quantization bit b. Specifically, we vary the bit
b and set ¢ = 0.1 while ensuring that the dynamic ranges
(DRs) of the .#,-ADC and conventional ADC are the same.
As shown in Fig. 2] (a), a 20 dB reduction in quantization
noise is observed. This is also consistent with the theory,
as indicated by the dashed curves in the figures. From (I0)
and (TI), we can derive that the equivalent bit of .#-ADC
is, by = b+ log, (. This means that if we adopt by = 3
quantization and set ( = 0.1, the quantization noise of .-
ADC is approximately equivalent to that of a conventional ADC
with b = 6. Additionally, we observe the quantization noise
versus DR with a fixed b = 2 and ¢ = 0.1. Specifically,
DR= 10 means that DR is set to 10 times the original DR. It
is observed in Fig. 2] (b) that the quantization noise of .#-
ADC is smaller (e.g. 20dB reduction when ¢ = 0.1) compared
to a conventional ADC. Thus, with the same bit budget and
DR, .#,-ADC has smaller quantization noise, facilitating a
better trade-off between bit budget and DR compared to the
conventional ADC.

IV. NUMERICAL EVALUATION

This section focuses on the unique advantages of adopting
the USF for full-stack FD architecture. According to the sim-
ulations, we show the saturation-free recovered (received) sig-
nal, reconstructed Sol and detection performance. We consider
single-carrier quadrature phase shift keying (QPSK) based
transmission, and the SI channel is modelled as a single path
channel with delay. Additionally, the SI power is measured by
SIR = 101og;((Pso1/ Ps1) dB. We assume that no uplink data
is transmitted during the SI channel estimation period, and per-
fect CSI of the uplink channel is known at the receiver. With
respect to the recovery algorithm, we follow f, > 2me fnyquist
to reconstruct the signal in the simulation. This oversampling
enables a fully digital-domain SI cancellation and a lower
hardware complexity due to no AGC and VGA. We remind the
reader that this is a loose bound, a near Nyquist-rate recovery
is also possible [16], specially with some side-information
[17], which is not assumed in this paper.
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Recovery of received signal and Sol after SIC. Since we
consider the FD system, it is natural to work with signals
such that |7 = max|r(¢)| > . To prevent saturation,
the received signal is folded by the .#)-ADCs. Subsequently,
modulo-domain channel estimation as in Algorithm [ is
adopted to estimate SI channel, hs;. Then, the unfolded
received signal T is recovered from the modulo samples
r). With the estimated SI channel and baseband transmit
signal v (reference signal), the digital-domain SIC is applied.
Specifically, we reconstruct the SI signal rs;, and subtract it
from the reconstruction of the received signal T to obtain rso.
Finally, the QPSK signal detection is executed on the rs,.
As shown in Fig. [3] considering low-resolution quantization
(i.e. b = 4) with I/SIR = 40 dB (e.g. A = L,||7]lec =
141.1621), and SNR = 40 dB, the reconstruction error of the
received signal is MSE = 1.61 x 1072, The reconstruction
error of the Sol is MSE = 7.039 x 107!, The bit error rate
(BER) is 1.572 x 10!, If we consider a smaller SI power
that is 1/SIR = 20 dB, and keep other simulation parameters
fixed, the following results are obtained. The reconstruction
error of the received signal is MSE = 1.17 x 1072, The
reconstruction error of the Sol is MSE = 3.47 x 10~2. The bit
error rate (BER) is 7.47 x 10~2. Note that this marks the initial
step in fully digital-domain SI cancellation, pioneering a new
approach to addressing SI. Future advancements in recovery
methods will enable us to tackle more severe SI scenarios.
We attribute the reconstruction with few bits to the fact that
for a given bit budget, the .#-ADC has a smaller quantization
noise, where a 20log;((1/¢) dB reduction is shown in [III}
In contrast, adaptive filter based strategies [8]] are not feasible
as they can not handle modulo samples, and hence, the Sol
reconstruction and detection fail in the simulations.

V. CONCLUSION

In this work, we presented a method for full-stack FD
receiver architecture, utilizing the USF. We demonstrated the
advantages of substituting the traditional ADC with a .#-ADC.
This replacement effectively avoids ADC saturation, enabling
the capture of HDR signals. Additionally, the low quantization
noise feature of the .#,-ADC allows for the use of few-bits
quantization. Additionally, we introduced a novel approach for
sparse channel estimation in the modulo domain, accompanied
by a digital SI cancellation method. Our numerical results

demonstrate that the proposed full-stack FD receiver structure
can tackle with very strong SI (e.g. 40 dB) with few-bits
quantization, and outperforms the previous approach in terms
of Sol reconstruction, digital SIC, and detection performance.
To summarize, our work enables: 1) fully digital-domain SI
cancellation in FD system; 2) modulo-domain sparse channel
estimation; 3) a low complexity implementation of FD system
due to no VGA, AGC and analog-domain SIC circuitry.
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