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ABSTRACT
A recently introduced structure to implement a continuously smooth
spectral delay, based on a cascade of first-order allpass filters and
an equalizing filter, is described and the properties of this spectral
delay filter are reviewed. A new amplitude envelope equalizing
filter for the spectral delay filter is proposed and the properties of
structures utilizing feedback and/or time-varying filter coefficients
are discussed. In addition, the stability conditions for the feedback and the time-varying structures are derived. A spectral delay
filter can be used for synthesizing chirp-like sounds or for modifying the timbre of arbitrary audio signals. Sound examples on the
use of the spectral delay filters utilizing the structures discussed
in this paper can be found at http://www.acoustics.hut.
fi/publications/papers/dafx09-sdf/.
1. INTRODUCTION
Spectral delay filtering (SDF) is an audio processing method in
which different frequencies of a signal are delayed by different
amounts. For example, an impulse can be transformed to a ”chirp”
by such a filter. SDFs can be implemented by delaying the desired frequencies of the short-time Fourier transform (STFT) of
each signal frame to one or more frames [1, 2]. However, such a
frequency-domain approach does not easily provide a delay that is
continuously variable as a function of frequency when the delay is
not introduced as an integer multiple of the STFT hop size. Obviously, interpolation between successive STFT frames could be
performed, but this would increase the number of required operations. In addition, when a large delay is desired, the frequency
resolution of the STFT should be high, which trades off with increased memory requirements of the algorithm. Recently, an alternative implementation utilizing a cascade of first-order allpass
filters was proposed [3], and in that approach the delay produced
by the filters is inherently smoothly continuous as a function of the
frequency. This paper discusses extensions to this approach by introducing a spectral delay filter structure with a feedback path and
time-varying filter coefficients.
Usually, filtering an audio signal with a time-invariant allpass
filter does not have a major effect on the timbre because it does not
change the magnitude response of the signal. Yet, if a high-order
allpass filter is constructed by cascading several low-order allpass
filters, each introducing a mild phase shift, the overall filter has
a phase shift that is the sum of the phase shifts of the individual
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low-order filters. When the number of low-order allpass filters
is high enough their cascade can have a long, chirp-like impulse
response. Now, when audio and music signals are processed with
such a filter impressive changes maybe obtained that are similar to
the STFT SDF methods of [1, 2].
Allpass filters are commonly used in audio and music processing, and their applications range from effects processing to
the simulation of physical phenomena in musical instruments and
physical environments. In effects processing, the allpass filter has
been used in the simulation of reverberation [4] and a spring reverberator [5], in digital phasers [6], in shelving filters and equalizers [7], and recently also as a distortion effect [8]. The allpass filters can be used as a fractional delay, which is often needed in audio processing to fine-tune the length of a delay-line [9, 10] or in a
frequency-warped filter aimed at imitating human hearing or modeling acoustic responses at low frequencies [11, 12, 13, 14]. Kautz
filters, which practically produce the same result as warped filters but with a smaller model order, use a cascade of non-identical
second-order allpass filters [15].
Due to the highly dispersive, i.e. frequency-dependent, delay
introduced by an allpass filter, they have been used in the inharmonic waveguide synthesis of piano tones [16, 17, 18, 19], in the
simulation of inharmonic responses of spherical resonators [20],
and the synthesis carillons [21]. Interesting effects are obtained
when the the allpass filter is modulated at audio rate [22]. Additionally, high-order allpass filters can be used to implement the
accurate time delay needed in a multi-notch filter, which cancels
harmonics of a musical signal [23, 24].
The remainder of this paper is organized as follows. In Section 2, the properties of a cascade of first-order allpass filters and
its relation to the chirp-like impulse response of the spectral delay
filter are reviewed. In addition, a new IIR filter design for the amplitude envelope equalization of the impulse response is presented.
Section 3 discusses the SDF structure utilizing feedback, and Section 4 presents the properties of a time-varying SDF. The stability
conditions for both structures are also derived. Finally, Section 5
concludes this paper.
2. CASCADED FIRST-ORDER ALLPASS FILTERS
The transfer function of a first-order allpass filter is given by
A(z) =

a1 + z −1
,
1 + a1 z −1

(1)

where a1 is the allpass filter coefficient. Filter stability requires
that |a1 | < 1. The transfer function of a cascade of M identical
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first-order allpass filters can be expressed as
a1 + z
1 + a1 z −1

- A1 (z) - A2 (z) - . . . - AM (z) - Heq (z)

x(n)

- y(n)

«M
.

(2)

It can be shown that the cascade of allpass filters is also allpass.
The authors call the cascade of many identical allpass filters and
an optional equalizing filter a spectral delay filter (SDF). Figure 1
shows the block diagram of a such filter.
2.1. Group Delay and Chirp-Like Impulse Response
The group delay of a filter is defined as the negative derivative of
the filter’s phase response φ(ω) with respect to frequency, i.e.
dφ(ω)
τg (ω) = −
.
dω
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1

(3)

For the first-order allpass filter the phase response is given by
„
«
a1 sin(ω)
φ(ω) = −ω + 2 arctan
.
(4)
1 + a1 cos(ω)
Now, the group delay of the first-order allpass filter can be expressed in closed form, as
1 − a21
τg (ω) =
.
1 + 2a1 cos(ω) + a21

Figure 1: Block diagram of the basic spectral delay filter consisting
of M allpass filters and an equalization filter [3].
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Figure 2 shows the group delay with various values for the coefficient a1 . The plot is unconventional in that the horizontal and
vertical axes have been interchanged. That is, frequency lies along
the vertical axis while group delay is plotted along the horizontal
axis, instead of the other way around as is typical. For monotonic group-delay functions, as occurring in Figure 2, such a plot
can be interpreted as a plot of the inverse function. This type of
group-delay plot facilitates visualization of the SDF output signal
spectrum and will be used in what follows. As will be seen, the
plot can be interpreted as an idealized spectrogram of the impulse
response of an allpass filter having that group delay.
It can be seen that the group delay of first-order allpass filters
is quite small at all frequencies. For instance, when a1 = −0.6
the delay at low frequencies is only four samples. This would correspond to about 0.1 ms when a sampling frequency of 44.1 kHz is
used. Filtering with this filter would produce typically no audible
effect. Even when the same allpass filtering is applied a second
time, the effect is still inaudible. However, when this filtering is
repeated very many times, such as 100 times, the low and high
frequencies in the output signal become separated in time and a
chirp-like effect is heard. One can observe this by listening to the
impulse response of the filter itself.
This phenomenon is illustrated in Figure 3, where the impulse
response and the spectrogram of a cascade of 64 first-order allpass
filters with a1 = 0.6 are plotted. Now, the impulse response is
quite long, about 6 ms. This due to the fact that cascading M
identical allpass filters produces a high-order allpass filter having
phase and group delay M times the original. When an impulse, a
broadband signal, is input to a such filter, it is smeared into a chirp
with frequencies appearing at times specified by the group delay.
The chirps that can be generated with a cascade of M identical
allpass filters can be understood by recalling the group delay plots
of Figure 2 and multiplying the time axis by M . When a great
many impulse responses are convolved, a chirp going downwards

Figure 2: Group delay of the first-order allpass filter with (a) nonpositive (a1 ≤ 0) and (b) non-negative (a1 ≥ 0) coefficient values
plotted against frequency. The sampling rate is fs = 44.1 kHz.
in frequency is heard when the filter coefficient a1 is negative (see
Figure 2(a)). When the coefficient a1 is positive (see Figure 2(b)),
a chirp going up is produced. The most useful allpass filter designs
bring about a large time delay difference between bass frequencies
(100 Hz or so) and high treble (well below 10 kHz). This is not
effectively obtained using allpass filters with poles close to the unit
circle. For instance, when coefficient a1 is positive and close to
1.0, such as a1 = 0.9, it is seen that the largest delay occurs at very
high frequencies, which will be inaudible to humans at a standard
sampling rate of 44.1 kHz.
It is helpful to be able to estimate the impulse response length
of first-order allpass filters, because this tells how long the chirp
will be. The maximum value of the group delay is related to the
length of the chirp. It can be obtained by evaluating the group
delay (5) at ω = 0 for non-positive a1 and at ω = π for positive
a1 , i.e.
8
1 − a1
>
<τg (0) =
, a1 ≤ 0,
1
+ a1
(6)
τg,max =
1 + a1
>
:τg (π) =
, a1 > 0.
1 − a1
Alternatively, it is possible to estimate the length of the allpass chirp from theory for the impulse-response length of IIR filters [25]. The sufficient length of the impulse response of a firstorder allpass filter that contains P% of the total energy is given
by
log(1 − P/100) − log(1 − a21 )
NP =
− 1,
(7)
log(a21 )
where P is the percentage of energy, e.g., 99.9. Notice that here the
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Figure 3: (a) Impulse response of the cascade of 64 first-order
allpass filters (a1 = 0.6) and (b) its spectrogram (linear magnitude
of a 64-point sliding FFT, hop size 1 sample, Hamming window),
which shows an upwards chirp. The dashed line is the group delay
of one allpass filter multiplied by 64.

ceiling operation used in [25] is skipped to avoid rounding errors
when many allpass filters are cascaded.
The maximum of the group delay according to (6) together
with the number of impulse response samples that contain 99%
and 99.9% of the total energy are plotted in Figure 4. It can be
seen that the maximum value of the group delay is very close to
the N99 value when 0.2 < |a1 | < 0.7. It approaches N99.9 as |a1 |
is increased.
For M cascaded allpass filters the effective length is M NP .
Equation (6) gives for the example of Figure 3 (M = 64, a1 =
0.6) the length estimate of 256 samples (4.00 samples for one
allpass section), which corresponds to 5.8 ms. This estimate is
slightly too small in comparison to what is seen in Figure 3. Using
the energy-based formula with P = 99.9%, the estimated impulse
response length is 261 samples (NP = 4.07 samples), which corresponds to 5.9 ms. N99.9 gives a conservative estimate of 404
samples (9.2 ms, 6.32 samples per allpass filter), which seems too
large in this case.
2.2. Allpass Chirp Envelope
The envelope of the allpass chirp is not constant over time. This
is clearly seen in Figure 3(a). The resulting amplitude envelope is
due to the fact that the impulse response contains an equal amount
of energy at all frequencies, and therefore the amplitude is necessarily smaller at frequencies where the chirp lingers. Next, the envelope α(ω) of an allpass chirp is derived. Previously, this derivation has appeared in [26].
Denote by ω+ and ω− two nearby frequencies having difference ∆ and mean ω, i.e.
∆ = ω+ − ω− , and
ω = (ω+ + ω− )/2.
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1

Figure 4: Three different estimates for the effective length of a
first-order allpass filter impulse response as a function of coefficient a1 : energy-based effective length for 99.0% and 99.9% of
the total energy and the group delay maximum.
In the frequency interval [ω+ , ω− ] the allpass chirp has energy
∆/π. This energy is approximately equal to the signal energy in
the time interval [τg (ω+ ), τg (ω− )] determined by the group delay
of the allpass filter,
∆/π ≈ |τg (ω− ) − τg (ω+ )| α2 (ω)/2.

(10)

Taking the limit ∆ → 0 gives
»
α(ω) =

˛
˛–− 1
π ˛˛ dτg (ω) ˛˛ 2
.
2 ˛ dω ˛

(11)

Now, an allpass chirp may be filtered by an invertible normalization ν(ω) with a magnitude chosen to approximate the inverse of
its envelope α(ω):
s ˛
˛
1
π ˛˛ dτg (ω) ˛˛
ν(ω) ≈
=
.
(12)
α(ω)
2 ˛ dω ˛
Provided the equalizing filter does not smear the phase of the signal too much, the resulting sequence will have a nearly constant
envelope.
In the case of a first-order allpass, the inverse envelope ν(ω)
can be expressed in closed form as
s ˛
p
˛
π|a1 (1 − a21 ) sin(ω)|
π ˛˛ dτg (ω) ˛˛
1
=
=
.
(13)
α(ω)
2 ˛ dω ˛
1 + 2a1 cos(ω) + a21
2.3. Allpass Chirp Equalization
An accurate equalization (EQ) filter for a cascade of first-order
allpass filters can be designed based on (13). The design can be
decomposed into three parts as
q
Heq (z) = M π|a1 (1 − a21 )| · Heq,d (z) · Heq,n (z),
(14)
corresponding to a scale factor, an all-pole ”denominator” section
Heq,d (z), and a ”numerator” section Heq,n (z). The scale factor
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contains M because the cascading of M indentical allpass filters
multiplies the group delay of one filter by M , see Section 2.1.
It can be seen in (13) that the denominator can be implemented
directly as a cascade of two one-pole filters having the pole at −a1 ,
i.e.
„
«2
1
1
Heq,d (z) =
=
. (15)
1 + a1 z −1
1 + 2a1 z −1 + a21 z −2
The magnitude response of this filter matches the denominator part
of the amplitude envelope.
p In addition, it can be seen that the numerator has a function
| sin(ω)| that is symmetric with respect to π/2, i.e. one-fourth
of the sampling frequency. Thus, it makes sense to model the first
half of the function and replace z −1 by z −2 in the resulting filter.
The warped Prony design is used here to concentrate on matching
the desired low-frequency magnitude of the square root of the sine.
This yields the fourth-order IIR filter given by
(1 − beq,1 z −2 )(1 − beq,2 z −2 )
(1 − aeq,1 z −2 )(1 − aeq,2 z −2 )
(1 − beq,3 z −2 )(1 − beq,4 z −2 )
,
·
(1 − aeq,3 z −2 )(1 − aeq,4 z −2 )

Heq,n (z) = g

(16)

where g = 0.7079 and the rest of the coefficient values are given
in Table 1.
Figure 5 shows an example where the allpass filter chain’s impulse response obtained with the same parameters as in Figure 3 is
equalized using the filters above. It is seen in Figure 5(a) that the
magnitude response of the target and model for a chain containing
one allpass filter (M = 1) match quite well. In order to make a
difference between the EQ filter magnitude response and the inverse envelope the scaling has been omitted. If it is included, no
difference between the responses can be seen. Figure 5(b) shows
the equalized impulse response, which has a practically constant
level. Figure 5(c) presents the group delay of the EQ filter. It can
be seen that the EQ filter adds only a small delay to the signal.
Especially at low and middle frequencies, where human hearing
is most sensitive, the EQ filter adds practically no additional delay. Therefore, the frequency-dependent delay of the SDF can be
understood to be set by the allpass filter chain.

Table 1: Coefficients of the fourth-order numerator equalizing filter.
k
beq,k
aeq,k
1 0.3525 0.9797
2 0.9979 0.1103
3 0.9425 0.8750
4 0.7628 0.5892

where K is the number of unit delays in each allpass filter.
3. SPECTRAL DELAY FILTERS WITH FEEDBACK
As originally suggested by Kim-Boyle [1], the spectral delay processing could be extended by feeding some of the filter output back
to its input. This approach could generate a series of chirps modified by the possible filtering in the feedback path. Here, this approach is considered and the condition for the system stability is
derived.
If the output of a basic SDF H(z) is fed back to its input via
a unit delay and filter B(z), the system illustrated in Figure 7 is
obtained. Both filters are assumed to be causal. Therefore, their
impulse responses may be denoted h(n) and b(n), respectively,
nonzero for n = 0, 1, . . .. The unit delay is needed in the feedback
path when b(0)h(0) 6= 0 to avoid a delay-free loop.
This system can be described with a set of equations given by
w(n) = x(n) + b(n) ∗ y(n − 1) and
y(n) = h(n) ∗ w(n),

where w(n) is the signal after the first summation and ∗ denotes
convolution. Now, by applying the z-transform to the equation set
above, the system can be expressed as
W (z) = X(z) + z −1 B(z)Y (z) and
Y (z) = H(z)W (z),

Heqi (z) = Heq (z K ),

(20)
(21)

from which the system transfer function is obtained,
G(z) =

2.4. Stretched Spectral Delay Filter
A multirate method was also introduced in [3] to obtain a more
dramatic spectral delay effect with a small number of allpass filters. By replacing the unit delay in each allpass filter with two
or more delay elements, the chirp becomes slower. We call this
the stretched SDF. At the same time, image chirps are generated,
which can be filtered out or used as part of the effect.
Figure 6(a) shows the impulse response of a stretched SDF
having 64 allpass sections in which each allpass section contains
three unit delays instead of one. The impulse response is three
times as long as in Figure 3(a), but two samples out of three are
zero. This method produces image chirps at high frequencies. Every second chirp propagates in the opposite direction as compared
to the original one. This is seen in the spectrogram display in Figure 6(b). Since one of the chirps now occurs in the lower third of
the audio band (between 0 Hz and about 7 kHz at 44.1 kHz), it is
heard more easily than in the case of a single full-band chirp.
For the amplitude envelope equalization of a stretched SDF,
an interpolated version of the EQ filter of (16) suffices, i.e.

(18)
(19)

Y (z)
H(z)
=
.
X(z)
1 − z −1 B(z)H(z)

(22)

Now, the stability condition for the modified SDF utilizing
feedback can be derived. First of all, the basic SDF H(z) and
the feedback filter B(z) are assumed to be stable. Since
∞

X −k k
H(z)
= H(z)
z B (z)H k (z),
−1
1 − z B(z)H(z)

(23)

k=1

a sufficient condition for stability is that B(z) and H(z) be causal
and stable (as assumed), and that |B(ejω )H(ejω )| < 1 for all
ω. These conditions provide that G(ejω ) is both causal and convergent everywhere on the unit circle. The loop gain condition
|B(ejω )H(ejω )| < 1 is also necessary at all frequencies for which
H(ejω ) 6= 0. Since the magnitude response of the basic SDF depends solely on the magnitude response of the EQ filter, which can
be larger than one for some frequencies (see Figure 5), the feedback filter should apply attenuation that makes the feedback gain
less than one, i.e.

(17)
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Figure 6: (a) Impulse response of a cascade of 64 first-order allpass
filters (a1 = 0.6) having the unit delay replaced with three unit
delays (K = 3) and (b) its spectrogram computed with the same
parameters as in Figure 3. Now three long chirps are seen instead
of one. The interpolated EQ filter has been applied to the impulse
response.
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Figure 5: (a) Inverse envelope of a one-stage allpass chirp and an
EQ filter’s magnitude response with the scaling omitted. (b) The
equalized impulse response (cf. Figure 3(a)). (c) The group delay
of the equalizing filter used in this example.

Otherwise the signal fed back to the input of the basic SDF will be
amplified over and over again as it travels through the loop.
Now, if the feedback filter is designed to approximate the amplitude envelope of the chirp and to satisfy the stability condition
given above, maximum amplification of the feedback is then obtained. However, this leads to quite sophisticated design criteria
(cf. the design of the EQ filter) and unsophisticated first-order or
second-order filters cannot produce clearly different results due to
the attenuation required for the stability. Yet, if the EQ filter is
omitted, the feedback filter can be more freely designed, as long
as the stability criterion holds.
An example of the use of a SDF with feedback is given in
Figure 8, where the impulse response and the spectrogram of a
basic SDF having 64 first-order allpass filters with coefficient a1 =
0.6, an EQ filter, and a feedback filter
B(z) =

´
1 `
1 + z −1
23

(25)

are plotted. As can be seen, the impulse response (Figure 8(a)) has
now small amplitude variations not present in the impulse response
of a basic SDF without feedback (cf. Figure 3). These variations
are due to an additional low-amplitude chirp at high frequencies,
which can be observed from the spectrogram (Figure 8(b)). Since
the low frequencies are passed by the basic SDF almost instantly

- i
6

- H(z)

B(z) 

r - y(n)

z −1 

Figure 7: A modified spectral delay filter utilizing a basic SDF
H(z) and a time-invariant filter B(z) in the feedback path.

and the feedback filter is a highpass filter, they are attenuated as
can be seen in the spectrogram. In addition, for this reason they
are not present in the additional chirp.
4. TIME-VARYING SPECTRAL DELAY FILTER
STRUCTURES
If the coefficients of the allpass filters in the allpass chain are allowed to be time-varying, more lively effects are obtained. Now,
the spectral delay generated by the chain varies over time, and the
output will no longer be a pure chirp. With an appropriate choice
of the coefficient modulation, the desired dynamic effect can be
obtained.
However, when the coefficients of the allpass filters are timevarying, the stability of the system becomes a more crucial design
criterion. It is easily proved that if two filters are stable, their cascade is also stable. Now, if all filters in the allpass filter chain
are first-order, the same stability condition as for a time-invariant
first-order allpass filter holds, i.e. the filter coefficient must be in
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Applying the Cauchy-Schwartz inequality gives
G ≤ |Sn | +
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Figure 8: (a) Impulse response of a SDF having 64 first-order allpass filters with coefficient
a´1 = 0.6, an EQ filter, and a feedback
`
1
filter B(z) = 23
1 + z −1 , and (b) its spectrogram (obtained
with the same parameters as in Figure 3).

the range [−1, 1], end points included [8]. Here, the stability condition for a time-varying stretched allpass filter is derived.
A stretched allpass filter, i.e., a first-order allpass filter where
the unit delay is replaced with two or more unit delays, having
a stretching factor K = 2, 3, . . ., and a time-varying coefficient
m(n), can be described by the following relations:
w1 (n + 1) = m(n)y(n) + x(n)
wk (n + 1) = wk−1 (n),
k = 2, . . . , K,
y(n) = wK (n) − m(n)x(n),

(26)
(27)
(28)

where wk (n) is the signal exiting the kth delay of the filter. This
system can be given in matrix form
Xn+1 = Pn Xn + Qn x(n),
y(n) = Rn Xn + Sn x(n),

(29)
(30)

where Xn = [w1 (n), w2 (n), . . . , wK (n)]t , Sn = −m(n), Qn =
1−m2 (n), Rn is a vector containing the value one at index K and
zero elsewhere, and Pn is a K × K matrix given by
8
>
<m(n), i = 1, and j = K
Pn (i, j) = 1,
(31)
i = 2, . . . , K, and j = i − 1
>
:0,
elsewhere,
where Pn (i, j) denotes the element in row i and in column j. In
other words, the matrix Pn has ones in the first diagonal below the
main diagonal and m(n) in the last element of the first row, i.e.
2
3
0 0 · · · 0 m(n)
61 0 ··· 0 0 7
7
6
6
7
(32)
Pn = 6 0 1 · · · 0 0 7 .
6 .. .. . . ..
.. 7
4. .
5
. .
.
0 0 ··· 1 0

(33)

k=i+1

n
Y

||Pk || |Qi |.

(34)

k=i+1

Now, the norm of vector Rn is one, and the absolute values of
scalars Sn and Qi are |m(n)| and |1 − m2 (i)|, respectively. The
norm of matrix Pk is defined as ||Pk || = max||x||=1 ||Pk x||,
where x ∈ RK , and it can be shown to be the positive square
root of the largest eigenvalue of matrix Pkt Pk . In this case,
8
>
i = j 6= K,
<1,
Pkt Pk (i, j) = Pk (:, i)t Pk (:, j) = m2 (k), i = j = K, (35)
>
:0,
i 6= j,
where Pk (:, i) denotes the ith column of the matrix Pk . In other
words, the matrix Pkt Pk is an identity matrix with the last diagonal value replaced with m2 (k). The eigenvalues of this matrix
are now easily obtained, and the positive square root of its largest
eigenvalue is max(1, |m(k)|).
The stability condition is now expressed as
∞
X

G ≤ |m(n)| +

n
Y

max(1, |m(k)|)|1 − m2 (i)|. (36)

i=n−1 k=i−1

Now, if m(n) = 0 ∀ n, the filter is stable as it then reduces to a
pure delay of K samples. If 0 < |m(n)| ≤ 1, max(1, |m(k)|) =
1 and |1 − m2 (i)| < 1, and thus the sum term becomes
n
Y

1k |1 − m2 (i)| = |1 − m2 (i)| < 1,

(37)

k=i−1

which makes sum term of the condition convergent, i.e the filter is stable. If |m(n)| > 1, then max(1, |m(k)|) = |m(k)|
, and the sum term increases continuously as i decreases, effectively making the sum term infinite contradicting the stability condition. Therefore, the stretched allpass filter is stable if and only if
|m(n)| ≤ 1 ∀ n.
In the case of a time-varying SDF, the equalizing filter must
then also be time-varying. Now, the scaling and the denominator filter depend on the time-varying coefficient, and the stability is determined by the stability of the denominator filter. Since
the denominator filter can be composed of two one-pole filters, it
suffices to analyze the stability of one of its stages. For a timevarying one-pole filter modulated by the signal m(n), the parameters for (33) are Sn = Rn = Qn = 1 and Pn = m(n). Substituting these in (33) leads to the condition |m(n)| < 1. However, if
|m(n)| = 1, the scaling of the EQ filter makes the output become
zero, so the EQ filter is also stable when |m(n)| ≤ 1 ∀ n.
If a time-varying SDF includes a feedback path, the observations given in Section 3 hold. However, since in such cases the
magnitude response of the time-varying SDF depends on both the
modulation and the input signal (via filter states), it is not well defined. Therefore, it is recommended that only feedback filters with
a quite large attenuation at all frequencies should be used. Again,
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this would lead to a filter structure that does not differ much from
a basic time-varying SDF. If the EQ filter is omitted, the feedback
filter can be more freely designed and more interesting effects are
obtained, as illustrated next.
In Figure 9, the impulse response and the spectrogram of a
SDF having 64 first-order allpass filter with the coefficients modulated by an 8 Hz sine having amplitude 0.9 and a feedback path
with a constant multiplier B(z) = 0.99 are plotted. Now, the SDF
does not contain an EQ filter. The impulse response (Figure 9(a))
is noise like and more dynamic than the impulse response of the
time-invariant spectral delay filter utilizing feedback (cf. Figure 8).
When looking at the spectrogram (Figure 9(b)), the dynamic characteristics of this filter are more clearly visible. Now, there are several simultaneous chirps going up and down in a sine-like fashion
with a period corresponding to the modulation period. An audiorate coefficient modulation of the SDFs has some interesting practical applications and some of them are presented in [28].
Figure 10 plots the impulse response and the spectrogram of
a SDF having 64 stretched allpass filter with K = 3 and with
the coefficients modulated by the output of an envelope-following
filter given by y(n) = 0.1|w(n)|+0.9y(n−1), where w(n) is the
sum of the input and feedback signals, and a feedback path with a
constant multiplier B(z) = 0.99. Again, the SDF does not contain
an equalizing filter. The impulse response (Figure 10(a)) is again
more dynamic than the impulse response of the time-invariant SDF
utilizing feedback (see Figure 8) and it contains a series of chirps
with decaying amplitudes. The spectrogram (Figure 10(b)) now
shows more clearly that the chirp durations increase as they travel
through the system.
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Figure 9: (a) Impulse response of a SDF having 64 first-order allpass filters with the coefficients modulated by an 8 Hz sine having amplitude 0.9 and a feedback path with a constant multiplier
B(z) = 0.99. (b) The spectrogram of the impulse response (obtained with the same parameters as in Figure 3). The SDF does not
contain an equalizing filter.
www.acoustics.hut.fi/publications/papers/dafx09-sdf/.

5. CONCLUSIONS
The properties of the recently introduced spectral delay filter (SDF)
were reviewed. The SDF, which consists of a cascade of many
first-order allpass filters and an equalizing filter, produce unusual
effects on an audio signal. The SDF has a long, chirp-like impulse
response, which effectively makes the various frequency components in an audio signal travel through the filter at different speeds.
Since the amplitude envelope of the allpass chirp is inversely proportional to the square root of the frequency derivative of the filter
group delay, the slowest portions of the chirp are also the softest.
In order to equalize the variations in the chirp amplitude, a new
equalizing filter, which approximates the inverse chirp amplitude
envelope, was presented. In addition, properties of SDFs utilizing feedback and/or time-varying coefficients were discussed. The
stability conditions for both cases were derived and examples of
their use were also presented.
The SDF can be used to process arbitrary audio signals to
transform their timbre. This is computationally more efficient than
convolution, since the length of the impulse response of the SDF
can be very long. Alternatively, the impulse responses produced
with SDFs can be used as sound effects or synthetic percussion
samples. In general, the SDF can be used to bring electronic or
synthesizer-like characteristics to arbitrary audio signals. In this
sense it is related to previous extended synthesis methods that can
process arbitrary audio signals, such as the audio signal driven
sound synthesis methods proposed by Poepel and Dannenberg [29]
or the adaptive FM synthesis and adaptive split sideband synthesis
methods introduced by Lazzarini et al. [30, 31].
Sound examples on the use of the spectral delay filters utilizing the structures discussed in this paper can be found at http://
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