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ABSTRACT

A clipping prevention method is proposed for first- and second-
order all-pass filters with time-varying coefficients. Unlike con-
ventional anti-clipping or declipping approaches, the method op-
erates directly on the coefficient dynamics and does not rely on
assumptions about internal energy evolution, by just asking that
the input signal is not already clipping. The core idea is to con-
trol the deviation between the output of the time-varying filter and
that of an equivalent static all-pass structure with constant coeffi-
cients. By adaptively limiting this deviation at runtime, the out-
put is constrained below a prescribed clipping threshold (typically
unit magnitude). The method is active only during short transients
where clipping would occur, after which the coefficients are re-
leased to reach their target values. This preserves the integrity of
the input signal and the numerical properties of the all-pass fil-
ter. Experimental results confirm the expected behavior even in
scenarios where energy-preserving all-pass structures exceed the
clipping threshold, suggesting the proposed approach as a practi-
cal solution for robust dynamic filter implementations with limited
additional computational cost, suitable especially for embedded
digital audio processing hardware.

1. INTRODUCTION

Dynamic range limitation methods encompass a broad class of sys-
tems and algorithms aimed at controlling the magnitude of digital
audio signals at runtime [1]. Some approaches model dynamic
range limitation from an acoustic perspective, taking into account
perceptual and auditory aspects [2]. Others instead focus on dig-
ital signal processing (DSP) techniques for directly constraining
signal amplitude. The resulting solutions range from traditional
filter-based methods [3] to more recent neural network approaches
[4)5].

Among the issues that can significantly degrade audio signals
when their magnitude is not properly controlled along the DSP
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chain, clipping is a critical artifact that requires specific attention.
It occurs when an otherwise undistorted discrete-time signal ex-
ceeds the amplitude range supported by one or more processing
blocks. Its effects on sound quality can be disruptive and have
been systematically studied across different types of audio signals
[6]. The perceptual impact of clipping depends on the limitation
strategy adopted by the processing blocks when handling out-of-
range values [7].

Two main approaches are commonly used to avoid or miti-
gate clipping: prevention and detection. Prevention methods can
be applied when a system, in addition to its standard DSP oper-
ations, is able to anticipate signal values that would exceed the
allowable output range; in such cases, compression techniques can
be employed to smoothly limit the signal [8]. Detection methods,
instead, operate after clipping has occurred. Laguna and Lerch
replace short clipped segments using time-domain spline interpo-
lation, and longer regions using signal components reconstructed
from spectral information in neighboring windows [9]. Defraene
et al. proposed a compressed sensing approach informed by per-
ceptual auditory models [10], while Esquéda et al. developed a
spectral method targeting aliasing components introduced by clip-
ping [11]. A recent survey shows that these methods generally rely
on stochastic and/or energy-based models of audio signals [12],
which are used to define and minimize the error between the orig-
inal and the reconstructed signal after clipping.

A class of methods more suitable for real-time DSP applica-
tions exploits the sparsity of specific signal properties. This con-
cept has been studied in a broader context by Gaultier et al., to-
gether with a family of algorithms built upon it [13]. In this set-
ting, sparsity can be observed in the magnitude—phase relationship
of signals: local phase modifications around a clipping region can
redistribute spectral components, effectively smoothing peaks be-
low the clipping threshold with minimal perceptual impact. This
property has been leveraged by Parker er al. 3] and Schlecht et
al. [14], achieving peak attenuation of up to 5 dB. In both cases,
all-pass filters are used to introduce controlled phase shifts in the
signal components.

The present work also focuses on all-pass structures, as el-
ements that are capable of spreading an energy peak in partic-
ular when it comes out from themselves. When such filters are
employed in dynamic contexts, rapid parameter variations in fact
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may lead to abrupt changes in the coefficients, causing the out-
put signal to exceed the clipping threshold. Rather than detecting
clipping after it occurs, the proposed approach checks whether up-
dated coefficient values would lead to clipping and, if so, deter-
mines via straightforward algebra the maximum allowable varia-
tion that keeps the output below the threshold. This results in a
non-heuristic prevention strategy that modifies the temporal evo-
Iution of the coefficients while preserving the structural properties
of the system. The method can also be interpreted as a controlled
slowdown of the system dynamics, effectively spreading coeffi-
cient variations over time. All-pass filters are chosen as target
structures for two main reasons. First, their well-known versa-
tility enables their use in a wide range of parametric filter designs
[15]. Second, the least possible number of coefficient values (that
is, IV values for an Nth-order structure) allows clipping prevention
in first- and second-order sections to be formulated in a tractable
algebraic form. Moreover, formulating the method for both first-
and second-order sections enables its application to all-pass filters
of arbitrary order via standard decomposition into cascaded sec-
tions [16].

Sectionpresents the proposed method by extending recent
preliminary work |17], and details the resulting procedures for
both first- and second-order cases. Sectionthen investigates two
scenarios for each filter order, showing how the method prevents
the output from clipping above threshold under abrupt coefficient
variations, in the presence of an input signal lying within the same
threshold. Finally, Sectiondiscusses the results, including con-
siderations on computational cost and numerical precision, and
Sectionconcludes the paper.

2. METHOD

A first-order all-pass filter with variable coefficient c at time step
n realizes the following recurrence equation, producing the output
y for an input z:

y[n] = c(n){x[n] —y[n — 1]} + z[n —1], )

in which we denote discrete-time dependence in signals using square

brackets, and in filter coefficients using round brackets.

Let M denote a magnitude threshold that signals must not tres-
pass, so that |z[n]| < M for all n, and assume that no clipping
occurred at the previous step for the output, i.e., [y[n — 1]| < M.
The goal is to ensure that no clipping occurs at the current step,
meaning |y[n]| < M, even in the presence of an unsuitable value
of the coefficient c(n).

Clipping at step n can be calculated directly from . If clip-
ping occurs, it can be determined whether it is caused by the coeffi-
cient update by considering the output w([n] of a static counterpart,
i.e., an identical all-pass structure with constant coefficient:

(@3]

If w[n] does not clip, the contribution of the coefficient variation to
the clipping can be expressed through the signal difference 7[n| =
y[n] —w[n], which depends on the coefficient increment Ac(n) =
c(n) — ¢(n — 1). Subtracting g 2) from (1] n yields

(n){z[n] —y[n — 1]},

from which the non-clipping condition |y[n]|
M can be expressed in terms of Ac(n) as

(n){z[n] —y[n —1]}| < M.

wln] = c(n — 1){z[n] — y[n — 1]} + z[n — 1].

3
lw[n] + 7[n]| <

T[n] =

+ Ac(n )

|wln]
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Algorithm 1 First-order clipping prevention procedure

: compute w[n] from
: Ac(n) < c¢(n) —c(n—1)
2 d <+ z[n] —y[n—1]
if d == 0 then

skip to line 15
end if
: evaluate the sign of d
: ifd > O then _
compute Ac(n) from (6}
: end if
:ifd < Othen _
compute Ac(n) from (7}
: end if
c(n )(—c(n—l)—l—Ac n)
: compute y[n] from (1] .

O T

Solving (4) for Ac(n) yields lower and upper bounds, whose
order depends on the sign of z[n] — y[n — 1]:
M + win]
zln] —y[n —1]

M — win]
z[n] —y[n — 1]’

VIIA

Ac(n)

VIIA

&)

in which the inequality symbol < holds if z[n] — y[n — 1] > 0,
and reverses otherwise. The coefficient increment Ac(n) is then
constrained within these bounds, yielding the modified coefficient

cn)=c(n—1)+ A\c(n), where

Ac(n) = (6)
minq max __ MAwin] win] c(n _Mzwln] wln]
{ { x[n}fy[nfl}’A ( )}’x[n]fy[nfl]
if z[n]—yln—-1>0
or
Ac(n) = ©)
M — w[n] M + w[n]

Ae(n) },—

min{max{ m

if x[n]—yn—-1]<0.

z[n] —y[n — 1]

A procedure can be defined based on the previous expressions
to prevent clipping in the filter. Rather than activating it only when
clipping is detected—by evaluating (1) before computing the out-
put—we adopt a first-order clipping prevention procedure that op-
erates at every time step. This choice ensures constant processing
time and is particularly suitable for DSP architectures—typically
embedded systems—where clipping may represent a critical issue.

The procedure is summarized as in Algorithm Note that in
the special case z[n] = y[n — 1] the procedure does not need to
be called, since from (3) it descends 7[n] = 0. In this case at
time step n the all-pass block reduces to a unit delay, identically
to what would happen if ¢(n) = 0, and consequently the output
y[n] = z[n — 1] will not clip during this step holding the initial
hypothesis |z| < M.

2.1. Second-Order Structure

A similar method can be formulated to prevent clipping in a second-
order all-pass filter with time-varying coefficients ¢y and ¢;. Start-
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ing from the input—output relationship

{:r —yn—2}}
+a(n){zn —1] —yn —1]} + z[n — 2],

y[n] (€

the same derivation as in the first-order case can be carried out.

With a natural definition of coefficient increments Ac; (n) = ¢;(n)—

1), 4 = 0, 1, the following condition is obtained:

fwln] + Aco(m){aln] - yln — 21}
+ Aci(n){z[n — 1] — y[n — 1}}} <M

ci(n —

©)

in which, similarly to the first-order case, w[n] denotes the output
of a static counterpart of the second-order structure:

co(n — 1){x[n] —y[n — 2]} (10)
+ea(n—1){zn—1]—yn—1]} +z[n - 2.

wn]

Clipping may occur due to changes in either of the all-pass
coefficients. In this case, the second-order formulation does not
introduce additional complications as @ structurally reduces to
if Aco(n) =0or Aci(n) =0.

However, clipping can also arise from simultaneous variations
of both coefficients |17]. This situation, for instance, occurs when
the second-order all-pass filter is embedded in a peaking or notch
parametric equalizer structure |15 |. Since @ does not yield a
unique solution pair (Aco7 Acl) it is convenient—especially in
DSP applications where efficiency is a key constraint—to distribute
it according to a “clipping prevention budget” that can be com-
puted easily. A simple approach proposed here is to determine
Zc\o and Acy such that each term contributes at most to half of the
bound, i.e,

|w[n]/2 + Aco(n){z[n] — y[n — 2]}
| [n]/2 4+ Aci(n) {x[n—l}—y[n—l]}

< M/2

< M/2°
an

which, due to the known triangular inequality |u 4+ v| < |u| + |v],

implies @ From this, by applying the same derivation we did in

the first-order case using the terms in , we obtain

Aco(n) = (12)
min{max{—%%,Aco(n)},
%%} if ] —yln—2]>0
Aco(n) = (13)
min{max{f#ﬁ@],AcU(n)},
—1#%} it afn] — yln—2] <0,
and
Aci(n) = (14)
min{max{—%x[n 7]\41]?;[[727 - dea(m}:

1 M — w[n]
2zn—1]—y[n —1]

if zxfln—1]—yn—-1>0.
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Algorithm 2 Second-order clipping prevention procedure

: compute w[n| from
: Aco(n) « co(n) — co(n — 1)
: Aci(n) «ci(n) —ci(n—1)
: do + z[n] —y[n — 2]
dy + z[n—1] —yln — 1]
L if (do == 0) & & (d; == 0) then
skip to line 29
: end if
: if dp != 0 then
evaluate the sign of do
ifdo >0 then
compute Acg(n) from
end if
if do < 0 then _
compute Aco(n) from
end if
: end if
: if di = 0 then
evaluate the sign of d;
ifd; > 0 then _
compute Acy (n) from
end if
ifdi < Othen
compute Aci (n) from
end if
: end if _
co(n) < co(n—1) + Aco(n)
ci(n) < ci(n—1) +Ac1(n)
: compute y[n] from (8] .

I e Y N T

S 2 NS TN N T (O T N I NS T N i N R N R S R e
o ® ﬂQWﬁR’NTQPW“?S{‘fR’N?Q‘D

or

Aci(n) = (15)

21’[71—1}

1 M + w(n]
2zn—1]—-yn -1

mln{max{

=1 A0

]}if zn—1]—yn—-1]<0.

The resulting second-order clipping prevention procedure is
structurally analogous to the ﬁrst-order case, however making use

of w[n]/2 and M /2 while computing Aco ) and Acl( ) respec-
tively from (1 - (13) and (14)-(15), as well as conditioning the ex-
ecution on z[n| # y[n — 2] and z|n — 1] # y[n — 1], respectively.

At each time step the procedure 1mplements Algorlthm As in
the first-order case, if both the previous conditions are not checked
then the procedure does not need to be called: the all-pass block
in this case corresponds to the cascade of two delay units, hence
ly[n] = z[n — 2]| < M by hypothesis.

3. CASE STUDY

Fig.compares the output of a standard all-pass filter without
clipping protection to that modified by implementing the proposed
prevention procedure, where, for simplicity, M is setto 1. A Wave
Digital Filter (WDF)-based energy-preserving all-pass structure is
introduced for comparison. Although not strictly anti-clipping,
this structure is a reference candidate since it is specifically de-
signed to avoid instability during runtime variations of the coeffi-
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Figure 1: Plots (above) and x-axis zoomed versions (below) of the response to a 100 Hz sinusoidal input at 48 kHz with digital amplitude
.99 (black line) of an all-pass block realized with: no protection from clipping (blue line); energy-preserving structure (red line); the
proposed clipping prevention (green line). All-pass coefficient value changing between +.99 and —.99 (left) and the other way round
(right). The coefficient values without (blue color) and with (green color) clipping prevention are plotted in dashed line. Clipping magnitude

threshold M set to 1.

cients. Equality between the input and output energy is obtained
through the following relationship [18]:

yln] = e(n)aln]+ %{x[n—l]—c(n—l)y[n—l]}.

(16)
All structures operate at F; = 48 kHz and process a 100 Hz sinu-
soidal input with amplitude 0.99. Around ¢ ~ 0.5 s, corresponding
to a positive peak of the input signal, the all-pass coefficient c is
linearly varied from +0.99 to —0.99 (left plot) or the other way
round (right plot) over approximately 1 ms.

It can be observed that the former variation causes the stan-
dard structure to clip. In contrast, when the prevention procedure
is applied, clipping is avoided through a suitable adaptation of the
coefficient over time (dashed lines). The energy-preserving struc-
ture follows a different dynamic behavior, and does not clip in this
case.

Conversely, if the coefficient is varied in the opposite direction
then the energy-preserving structure does clip, while the standard
realization does not. In this situation the prevention procedure is
not activated, as indicated by the trajectory of the corresponding
all-pass coefficient.
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3.1. Second-Order Structure

Fig.compares the output of a second-order all-pass block with-
out clipping protection to that of the same block implementing the
prevention procedure, with M again set to 1. As in the previous
case, the WDF-based all-pass filter is also tested using the second-
order structure in [18], whose port coefficients Mo(n), Mi(n),
and M5 (n) are derived from co(n) and ci1(n) as

Mo(n) 1+ co(n) £ c1(n)
2 1—co(n) ’

MLQ(’IL) = (17)

where the coefficient My, associated with the free port, can be
chosen arbitrarily.

The same setup used for Fig.mis also considered in this case.
The all-pass coefficients co and c; are linearly varied from 0.98 to
—0.98 and from —1.96 to 0.01 respectively (left plot), or in the op-
posite direction (right plot). Some similarities with the first-order
case can be observed, particularly with the former variation of the
coefficients. However, the latter causes the standard structure to
clip. The resulting artifact requires a relatively large, impulsive
correction of the filter coefficients in order to prevent it from clip-
ping. Furthermore, this correction is beneficial for smoothing the
subsequent signal values around the expected output.
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Figure 2: Plots (above) and x-axis zoomed versions (below) of the response to a 100 Hz sinusoidal input at 48 kHz with amplitude .99
(black line) of a second-order all-pass block realized with: no protection from clipping (blue line); energy-preserving structure (red line);
the proposed clipping prevention (green line). All-pass coefficient values (co, ¢1) changing between ([.98, —.98], [—1.96, .01]) (left plot)
and the other way round (right plot). The coefficient values without (blue color) and with (green color) clipping prevention are plotted in
dashed (co) and dash-dotted (c1) line. Clipping magnitude threshold M set to 1.

The second-order case has been studied also using a music
excerpt as input, setting a clipping threshold M = .99. Fig.
(left) shows the effect of changing the filter coefficients between
([—.98,.98],[.01,—1.96],) as in Fig.(right) starting at ¢ ~ 6.5
s. After clipping prevention, the output of the proposed struc-
ture is generally closer to that of the energy-preserving filter. The
latter clips again at the very end of the observation window, for
t =~ 6.534 s, where the proposed algorithm prevents from that in-
stead as shown by the little glitch modifying the trajectory of c;.
At the same time, the output from the standard structure follows a
slightly different trajectory and does not end up beyond the clip-
ping threshold. Fig.(right) shows corresponding tracks in the
Audacity sound editor, after saving the respective four signals (in-
put, WDF, proposed, standard in top-down order) as WAV files:
a careful inspection around ¢t =~ 6.5 s confirms that the output of
the proposed structure does not clip, as opposed to the other two
outputs.

4. DISCUSSION

By construction, the proposed procedure temporarily steers the all-
pass coefficients away from the trajectory dictated by the system
control at runtime. This intervention is typically limited to a short
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transient (on the order of a few milliseconds) and, in many cases,
introduces only minor deviations from the intended coefficient val-
ues. A closer inspection of the coefficient trajectories in Figs.
and(dashed lines) reveals that the main clipping event in the un-
protected filter can occur as soon as, or even shortly after the co-
efficients have stabilized to the target values. This fact highlights
an important aspect: clipping does not necessarily occur instan-
taneously during the coefficients variation, but may also be part
of the transient following the update. As a consequence, the pro-
posed procedure does not simply act as a mechanism to slow down
coefficient variations. Instead, it enforces coefficient settings that
prevent clipping whenever it would occur, regardless of whether
parameter updates are ongoing—recall e.g. what happens in the
music excerpt example at t ~ 6.534 s.

The proposed procedure can be safely applied to all-pass struc-
tures in Direct Form I [16]. In fact, these structures implement the
filter state by explicitly using past input and output values. The
latter are guaranteed by the procedure itself not to be affected by
clipping errors. Conversely, the realization of linear recombina-
tions of the all-pass input—output relationships (1) and , leading
to alternative forms, may cause internal clipping since the algo-
rithm in its current implementation does not explicitly operate on
the filter state. An extensive investigation on how the proposed
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Figure 3: Left: Response to a music excerpt at 44.1 kHz (black line) of a second-order all-pass block realized with: no protection from
clipping (blue line); energy-preserving structure (red line); the proposed clipping prevention (green line). All-pass coefficient values (co, ¢1)
changing between ([—.98,.98],[.01, —1.96], ). The coefficient values before (blue color) and after (green color) clipping prevention are
plotted in dashed (co) and dash-dotted (c1) line. Clipping magnitude threshold M is set to .99. Right: the same responses shown as tracks

in the Audacity sound editor after saving them as WAV files.

algorithm may be adapted to all-pass structures in their various
forms [16], and the consequent computational cost assessment, is
left for future research.

Provided that the original sequence of coefficients c(n) was
not intended to lead to an unstable first-order all-pass filter, i.e.,
|e(n)| < 1 for all n, one may wonder whether the modified se-
quence ¢(n) still leads to a stable structure. Holding |z[n]| < M
for all n then the answer is positive in the sense of BIBO stabil-
ity [16]. In fact, ensures that the response to x is y such that
ly[n]| < M for all n. This implies BIBO stability with the mod-
ified sequence. The same happens by conditioning with @ in the
second-order case.

Concerning numerical behavior on architectures working with
different precision, consider for simplicity the case M = 1, which
is common in embedded DSP boards. In this setting, all quanti-
ties involved in the procedure either remain within, or can be con-
strained to, a magnitude below 2. The latter situation may arise
when evaluating @—, —, or —, particularly under
extreme coefficient transitions between opposite boundary values
within a single time step. In particular, the effect on the output of
the coefficient increment (or increments, in the second-order case)
Ac is proportional to its/their multiplying factor(s), see and
. On DSP boards where divide operations can be inaccurate or
are not even part of the instructions set, thus preventing from com-
puting @— or — respectively in the first- or second-order
case, a simple algorithm can be implemented: if (4) or @ signal
that clipping would occur using the current all-pass coefficient(s)
respectively in the first- or second-order case, then i) determine
the sign of the multiplying factor(s) and ii) search Ac by itera-
tively updating its/their value(s) across a (e.g. bisection) search of
the null value of a function g(n), obtained by properly rearranging
or depending on the order of the all-pass. For instance in
the first-order case with positive-signed factor z[n] — y[n — 1] and
difference M — w|n] to match:

99 (n) = {M — w[n]} — Ac® (n){x[n] — yln — 1]}, (8)
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in which the apex () labels the ith iteration of the zero search
depending on the numerical scheme elected for the search.

On the other hand, if a computationally more powerful archi-
tecture is available then the simple heuristics leading to an
even split of the “clipping prevention budget” may be substituted
by a more accurate budget distribution. In this regard, the three
components w(n], Aco(n){z[n] — y[n — 2]} and Aci(n){z[n —
1] — y[n — 1]} can be assessed separately, and more elaborate de-
cisions regarding correcting Aco(n) and Aci(n) can be made in
view of the M boundary. Peculiarly, in our 2nd-order case study
the two latter components are largely symmetric (see Fig., hence
they have almost identical magnitude before the clipping preven-
tion starts to operate: this symmetry likely occurs because both x
and y are sinusoidal, and both coefficients co and ¢; change with
the same rate until the algorithm takes control over them. So, the
specific case study speaks in favor of as a well-balanced com-
promise between accuracy and computational efficiency.

It is also of interest to assess the computational overhead in-
troduced by the clipping prevention procedure. Tablereports
average processing times (in milliseconds) over 10 runs on a 4.7
GHz Intel Core i7 laptop running Ubuntu Linux of the standard
(Direct Form 1), energy-preserving, and proposed structures. Mea-
surements were made on MATLAB for a one-second long input
using the functions tic and toc, and on C++ implementations
compiled with gcc -03 -ffast-math for a ten-second long
input. Especially in the compiled application the proposed method
does not introduce a significant increase in computational cost, re-
maining proportional to that of the standard and energy-preserving
structures per computational time factors amounting to less than
four.

5. CONCLUSIONS

An algebraic method has been developed to prevent clipping in
first- and second-order all-pass structures. Owing to its procedural
simplicity, low computational cost, and modest arithmetic preci-
sion requirements, it is well suited for embedded audio DSP archi-
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Figure 4: Impact of the components Acg ﬁm) {z[n] — y[n — 2]} (red line) and Aci(n){xz[n — 1] — y[n — 1]} (blue line) responsible of

clipping in the 2nd-order case study (Fig.

and the other way round (right plot).

Table 1: Average processing times (ms) of audio inputs at 48 kHz
on MATLAB (1s-long input) and compiled C++ (10s-long input)

environments
environment MATLAB C++
input size @48 kHz 1s 10s
all-pass order Ist 2nd | 1st 2nd

‘ processing time (ms)

standard 9.2 95 | 1.1 1.5
energy-preserving 10.2  40.2 | 1.7 2.2
proposed 147 33.7 | 3.8 4.9

tectures, where real-time systems such as digital audio effects may
be exposed to clipping due to rapid parameter variations. In this
vein, future work may extend the proposed approach to energy-
preserving structures. Due to the availability of various realiza-
tions for , each meeting specific system requirements [19], the
joint adoption of clipping prevention and energy preservation may
lead to a class of all-pass filters provided with excellent numerical
behavior and stability.
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