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Abstract

In this paper we show several digital signal processing techniques that can be used
for non-exponentially decaying artificial reverberation. Traditional recursive filter
techniques used for simulating the diffuse part of reverberation produce an
exponentially decaying reverberation. We show how traditional reverberation
algorithms can be modified and combined to create non-exponentially decaying
reverberation. The techniques presented here can be used for interesting musical
effects and speech enhancement. As an atjait example, a real-time system using

the Motorola DSP56002 digital signal processor is presented.

reverberators are commonly used for interesting
1 Introduction effects. Recently, Bttorro [8] discussed the design of
such reverberators.

e . The recursive filter structures used in traditional
Artificial reverberation has been used for dozens Ofeverberation algorithms  typically produce an

years to add reverberation to studio recordings. Thg,,ohentially decaying tail. Similar behavior can be
first digital reverberator was developed by SChrOEdeBbserved also in real concert halls, but there is no

[1] over 30 years ago. His solution was based on Qeeq to constrain the artificial reverberation effects
recursive structure constructed of parallel combomy to this kind of response

filters in series with two allpass filters. Later, Moorer There are applications where the shaping of the

[2] improved Schroeder’s algorithm and studied the; o\ erperation tail is desired such as sound effects in
definition of filter parameters so that more natural—musiC recording field. The shaped reverberation is a
sounding reverberation could be created. A furtherparticularly useful effect for drums and other

extension of the parallel comb filter approach wasyercyssion instruments. Typically used reverberation
presented by Vaananeet al. [3] who included {5 hercyssion has a fast build-up and a sudden
allpass filters inside the delay-line loops to Obta'”decay. The sudden decay can be useful also for
more rapid build-up of the impulse response. speech and vocal tracks. The reveatien increases

Nowadays, the most sophisticated structure Qhe energy of the speech signal andiden decay
create diffuse reverberation is the Feedback Dela}énsures that it does not degrade the speech

Network (FDN) [4, 5, 6]. Thenain advantages of the intelligibility.

FDN are the Qiffusion' of reflecf[ions and o In Section 2 of this paper we review potential
increasing reflection density versus time. In add't'on*techniques for producing reverberation with a non-

the FDN produces uncotated delay-line outputs o nqnential tail. We are focusing on linear and time
which still have energy from the modes of all thej, ariant techniques and the main emphasis is on

delay lines, which enables the usage of high-qualitye hnjques suitable for real-time applications. New
reverberation also in multi-channel sound repmducapproaches include a combined reverberator

tion. A review of digital reverberation algorithms structure and a modified comb filter. A real-time

was recently presented by Gard{ir signal processor implementation of one of the

There are not many publications abouty,.,hoseq techniques is described in Section 3.
reverberators for producing musical effects ratherSection4concludes the paper.

than for simulating natural spaces, although digital



2Techniques long reverberation time can benefit from this

_technique. Echo density of the reverberation

The shaping of the reverberation is a much easief;qqrithm can be made higher before the amplitude
task if the signal processing is done off-line. The Oﬁ'reaches the maximum level. Additional shaping is

line prqcessing is an attractive .solution for ,pOStpossibIe by adjusting, and g, parameters (Figure
production, but certainly not for live presentations. ;

In the following sections we will discuss efficient = .
: p—> out
techniques suitable also for real-time processing. 1 K-
. in | Unit 2 |
2.1 Convolution In —’-—>—
2

The most straightforward way to create arbitrarily
shaped reverberation is to use the standaréfigure 1: The block diagram of combined systems.
convolution operation for whole reverberation. The
convolution is more efficiently performed in the
frequency domain. The fast convolution operates on
data in large blocks causing considerable input-
output delay.

The zero-delay convolution or compromise
between efficiency and delay can be achieved by
splitting convolution into smaller separate convolu-
tions as proposed by Gardner [9]. Fast convolution
techniques make it possible to use very long filters up
to several seconds [10]. However, the algorithm is
fairly complex and the required memory for long —10 5 4 6 8 10
reverberation is much larger than available in a Time (seconds)
typical DSP patform.

A hybrid solution can be used when a fast build-
up is desired. The initial attack part is implemente
with a short FIR filter and the latter decaying part of - .
the reverberation can be implemented with a tradi—2'4 Modified comb filter

Amplitude
o
o

|
o
1

Figure 2: The impulse response of combined FDN
ilters.

tional reverberation algorithm. The comb filter is the basic building block of many
reverberation algorithms [7]. In this section it is
2.2 Block processing shown how the comb filter can be modified for

ducing different decay curves.
The amplitude of the comb filter output can be
djusted using one additional FIR filter before the

L . . ro
Non-causal processing is not directly applicable tcP
real-time applications, but can be approximated Witha

bloc.k processir)g. The techniqug has been used fcErombfilter. If the modification is synchronized to the
realization of linear-phase IIR filters [11,12]. The length of the delay line used in the comb filter we

Iundar?ental . pr?ﬁlim with dthtf concep'; t!s tq_ican change the amplitude of the circulating impulse
funcation noise that IS caused by segmentation. 11 o delay line, or cancel it completely. The output

tbrlunﬁatlon error can betr;\m|m||zed u_S||ng .Iargt;]r(]er dlfg S piecewise an expongal decaying signal. An
ocks or rearranging the polynomiais in the example output is shown in Figure 3. A similar

filter [12]. Ho(\j/ve_ver, theb Ientgth folft the 'mkpmS‘tehmodification technique can be used also for allpass
response used In reverberation MHErs Makes Mfyars but the output of the resulting filter is not

approach less attractive for reverberation use and lﬁuly allpass.

not discussed any further here. 1

2.3Combined systems 0.

Traditional recursive structures can be connected as 2

shown in Figure 1. The main idea is to use _,30-

reverberation units with  slightly different ELO

parameters. First they have almost identical output <

and after that the difference is increasing. Figure 2 0

presents an example output using two FDN '

structures with slightly different reverberation times. 0 ‘ Il
The reverberation times are chosen long enough to 0 200 _400 600 800 1000

Time (samples)

makg the effect more .visible.. The reverbe.rationFigure 3: The impulse response of the comb filter
algorithms that have an increasing echo density ang, Jqifieq by the FIR filter



If two different exponential decay curves are desired-inally, the transfer function is obtained:

another comb filter can be added to the structure. A
straightforward implementation includes one FIR

filter and two comb filters connected in parallel as H(z) =

shown in Figure 4. The upper comb filter has decay
parameten; and the FIR filter cancels this afterK

-MEK-M K —-MEK-M
g

l_ gz EZ_M

(6)

samples and initiates the lower comb filter with aWhen the feedback parameter of the comb filter is set
different decay parametgg. The presented structure to unity gain the filter preserves the energy and we

requires thag#0 and for stability reasonisg,[<1

andig,[k1.

W2

B> y(n)

Figure 4: Filter structure with two comb filters.
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get an integrating comb filter. A similar technique
has been used in the context of integrating FIR filters
[13,14]. Using one, two or three integrators the
impulse response is made of step, line and quadratic
segments respectively. Figure 6 shows an example
second-order integrating filter structure. Two
integrators are in cascade with a sparse FIR filter
that controls the decay curve. The filter is designed
to give a typical ADSR dttack, decay, sustain,
release) curve. The corresponding impulse response
is presented in Figure 7. Several integrating comb
filters (first-order, second-order etc.) can be also
connected in parallel. This leads to a generalized
polynomial filter. The polynomial filter can be used
to generate an arbitrary polynomial curve. The
structure can be controlled with an FIR filter so that
the polynomial coefficients can be changed freely
and a piecewise polynual impulse response is

obtained.
i‘ Z —400
0.017
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Figure 5: An example output using the filter
structure presented in Figure 4. The ddlayvas 20
samples in both comb filter and the gain coefficients
0. and g, were 0.95 and 0.85 respectively. The
coefficientK was 22.

The difference equations for the structure presented
in Figure 4 is as follows:

Mg

-10
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Figure 6: An example structure of second-order
integrating comb filter.
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Figure 7: The impulse response of the filter shown in
Figure 6.
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