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Abstract

As an important element in three-dimensional audio reproduction, reverberators serve to enhance the sense of

spaciousness by synthesizing the sound reflections and reverberations pertaining to a particular listening environment.

However, direct implementation of room responses generally proves impractical due to the extreme complexity of system

dynamics. To overcome the difficulties encountered in long convolutions, an efficient multirate signal processing technique

is proposed in this paper on the basis of subband filtering scheme. In this method, the frequency dependent property of

reverberation time is incorporated into the design procedure. Further simplification follows from the synthesized infinite

impulse response (IIR) implementation for each subband. Specifically, the regular IIR filter, the cascaded comb filters and

nested allpass filters, and the cascaded comb filter and an FIR filter are developed to implement the subband filters.

Genetic algorithms (GA) are employed to optimize the parameters of reverberators. Subjective listening tests are carried

out to assess the performance of the proposed techniques. The results demonstrate that the implemented multirate

reverberators are capable of delivering natural sensation of room reverberations, as compared to direct measurement.

r 2008 Elsevier Ltd. All rights reserved.
1. Introduction

Reverberation plays a vital role in 3D audio reproduction in that it creates a realistic sensation of
diffusiveness of sound field and spaciousness of the acoustic environment. For instance, if appropriate
reverberation is not incorporated when a headset is used as a means for reproduction, the virtual sound would
be perceived as if it emanates from inside the head. However, direct implementation of a reverberator is
usually not a trivial task because of its long impulse response of a real room recorded at the sampling rate, say,
44.1 kHz. This approach is too computationally intensive to warrant a real-time implementation. One solution
to this problem is the use of high speed signal processing hardware. For example, Lake technology [1]
developed fast convolution engines using multiprocessor architecture. On the other hand, software approaches
offer less expensive alternatives. The commonly used method for this long convolution process is to utilize
artificial reverberators comprised of comb and allpass filters [2–4]. However, this method suffers from a
disadvantage in that it takes much experience to adjust the parameters of the comb and allpass network before
a natural sounding reverberator (without a metallic artifact) can be reached. An alternative approach is the
ee front matter r 2008 Elsevier Ltd. All rights reserved.

v.2008.10.003

ing author.

ess: msbai@mail.nctu.edu.tw (M.R. Bai).

www.elsevier.com/locate/jsvi
dx.doi.org/10.1016/j.jsv.2008.10.003
mailto:msbai@mail.nctu.edu.tw


ARTICLE IN PRESS
M.R. Bai et al. / Journal of Sound and Vibration 321 (2009) 1090–1108 1091
fast convolution technique such as block processing methods and their variants using fast Fourier transform
(FFT). Gardner devised a hybrid convolution algorithm that combines direct convolutions and FFT, without
introducing input–output delay [5]. Along the same line of software approach, this paper proposes an efficient
technique to deal with long convolutions involved in reverberators. This method differs from the FFT-based
approaches in that it seeks to realize the required filtering in the subband domain.

Subband processing is widespread in the area of multimedia data compression and perceptual audio coding
[6]. In particular, the subband coding in MPEG-1 layer I and II is implemented with a pseudo-QMF
(quadrature mirror filter) structure. This paper is motivated by the similar notion. We seek to enhance the
filtering efficiency in light of the parallelism of filter bank structure. Computationally intensive filtering is
carried out in subbands, with the frequency dependent reverberation time taken into account.

A review of the previous work on subband filtering is given as follows. A filter bank convolver with
comparable computational complexity was proposed by Vaidyanathan [7]. Vetterli attempted to simplify
subband filtering by converting a length-KN convolution into M length-K convolutions down sampled by N

[8]. However, this simplification is still insufficient for the present reverberation problem, where long filters
taps is needed in each subband. This difficulty was discussed by using a matrix representation of subband
filtering [9]. Although the aliasing problem can be eliminated by using a general filter bank, the computation
remains intensive due to the cross terms of the subband matrix. It was also pointed out in Ref. [10] that
aliasing problems will arise in the transition band and result in unpleasant ringing sound if the cross terms are
ignored. To alleviate the problems of previous method, a subband filtering technique based on cosine
modulated pseudo QMF with high stopband attenuation [11,12] is suggested in this paper. Instead of using the
FIR structure in Ref. [9], IIR structures are employed to implement the subband filters. Specifically, the
regular IIR filter, the cascaded comb filters and nested allpass filters, and the cascaded comb filter and an FIR
filter. Properties of reverberation are exploited to simplify the filter design. To evaluate the performance of the
proposed reverberators, subjective listening tests are conducted in terms of spaciousness, clarity, naturalness,
and richness. The results reveal that the proposed subband techniques are capable of rendering natural
reverberation with little penalty on processing efficiency.

2. Filtering by cosine modulated filter bank

There are three advantages in implementing reverberators under the subband structure. The first advantage
is that the parallelism inherent in the filter bank is exploited to divide a long filter into short filters to represent
different bands of the frequency response. Only thus could the dynamics in each subband be approximated by
a low-order filter. This approach is apparently simpler than directly approximating the total band. The second
advantage is that frequency dependent acoustic properties pertaining to reverberation is accounted for. The
third advantage is that the proposed method can be embedded to existing subband-based systems which are
widespread in the area of multimedia data compression and perceptual audio coding. The idea is depicted in
Fig. 1, whereby we seek a subband implementation in Fig. 1(b) that produces a filtered output approximately
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Fig. 1. Schematic diagrams of reverberation filters. (a) Total band filtering and (b) subband filtering.
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identical to that from the system in Fig. 1(a). It has been demonstrated in Ref. [9] that an M-channel subband
filter bank can be expressed as

Ssb;nkðzÞ ¼ zL�1HnðzÞSðzÞF kðzÞ
� �

#M
; 0pn; kpM � 1 (1)

where Hn(z) is the nth analysis filter, Fk(z) is the kth synthesis filter, S(z) is the total band reverberation filter,
L is the length of the analysis and synthesis filters, and #M represents decimation by M. The concept of the
general subband filtering is shown in Fig. 2(a). From Eq. (1), it is understood that the filtered output in the
subband n is the sum of the convolutions of the kth subband decimated signal, filtered with the decimated
product Hn(z)S(z)Fk(z). The decimated subband signals contain the aliased components that can be canceled
after synthesis, using the cross-term filtering (Kan). However, ideal cancellation can only be achieved at the
cost of intensive computations. Conversely, if the cross terms are neglected, aliasing in the transition band will
result in unpleasant ringing problems [10]. To avoid this dilemma, we choose to design the subband filter bank
with very high stopband attenuation and cross terms neglected, as shown in Fig. 2(b). In Fig. 3, the frequency
domain illustrating the idea of subband filtering is shown with an example of a three-channel filter bank. In
this figure, o ¼ OT ; o0 ¼ OT 0 ¼MOT ; T and T0 are the sampling periods before and after down sampling; O
is the analog frequency; o and o0 are the digital frequencies before and after down sampling. The parallelism
stems from the frequency division of processing, as is evident in the evolution of signals at each stage.

The design strategy of subband filter bank employed in this paper is the cosine modulated pseudo QMF
[11,12]. In this method, an FIR filter must be selected as the prototype. Using this prototype, an M-channel
maximally decimated filter bank (number of subbands ¼ up/down sampling factor) is generated with the aid
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Fig. 2. Subband filtering using a M-channel maximally decimated filter bank. H’s and F’s are analysis filters and synthesis filters,

respectively. (a) Representation of subband filtering by a filter matrix Ssb(z) and (b) subband filtering with cross-terms neglected.
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of cosine modulation. The maximum attenuation that can be attained by a perfectly reconstructing (PR)
cosine modulated filter bank is about 40 dB. Nevertheless, this PR filter bank would still present an
undesirable ringing problem. To alleviate this problem, the PR condition is relaxed in the FIR filter design to
gain more stopband attenuation. From our experience, as much as 60 dB attenuation is required for
acceptable reproduction of reverberations.

Based on the method in Ref. [13], the following analysis and synthesis filter banks represented by hk(z) and
fk(z), respectively, are employed to minimize phase distortion and aliasing.

hkðnÞ ¼ 2p0ðnÞ cos
p

M
ðk þ 0:5Þðn�

N

2
Þ þ yk

� �
(2)

f kðnÞ ¼ hkðN � nÞ (3)
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where yk ¼ ð�1Þ
kp=4; 0pkpM � 1 and p0ðnÞ; n ¼ 1; 2; . . . ;N are the coefficients of the prototype FIR filter.

The remaining problem is how to minimize the amplitude distortion. The distortion function T(z) for the filter
bank is given by [13]

TðzÞ ¼
1

M

XM�1
k¼0

F kðzÞHkðzÞ (4)

Z transform of Eq. (3) leads to F kðzÞ ¼ z�NH̃ðzÞ, where H̃ðzÞ is the paraconjugate of H(z). The distortion
function can thus be written in frequency domain as

TðejoÞ ¼
1

M
e�joN

XM�1
k¼0

Hkðe
joÞ

�� ��2 (5)

A filter G(z) is called a Nyquist (M) filter if the following condition is met:

gðMnÞ ¼
c; n ¼ 0

0 otherwise

�
(6)

where g(n) is the impulse response of G(z) and c is a constant. In frequency domain

XM�1
k¼0

Hðejðo�2pk=NÞÞ ¼Mc (7)

Eqs. (5) and (7) indicate that, if jHkðe
joÞj2 is a Nyquist (M) filter, or equivalently, jP0ðe

joÞj2 is a Nyquist (2M)
filter, the magnitude of T(z) will be flat.

In this QMF design, the Kaiser window is used as the FIR prototype [11,12,14]. Given the specifications of
transition bandwidth Df and stopband attenuation As, the parameter b and the filter order N can be
determined according to

b ¼

0:1102ðAs � 8:7Þ

0:5842ðAs � 21Þ0:4 þ 0:07886ðAs � 21Þ

0

if As450

if 21oAso50

if Aso21

8><
>: (8)

and

N �
As � 7:95

14:36Df
(9)

For example, the frequency responses of the FIR prototype and the analysis filters for an 8-channel filter bank
design obtained using cosine modulation are shown in Figs. 4(a) and (b), respectively.

An optimization procedure is employed here to make P0ðzÞP̃0ðzÞ an approximate Nyquist (2M) filter, as
posed by the following min–max problem [14]:

min
oc

max
na0

p0ðnÞnp0ð�nÞ
�� ��

#2M
(10)

where � denotes the convolution operator. Because this is a convex problem, optimal cutoff frequency can
always be found [14]. After obtaining the optimal prototype filter, the remainder of the analysis and synthesis
filters are generated, according to Eqs. (2) and (3), respectively. The filter bank can be easily implemented with
techniques such as polyphase structure or discrete cosine transform (DCT) [13].

3. Structures of subband reverberation filter

Although subband filtering enhances computation efficiency, the loading remains high for FIR
implementation of the desired filters. Hence, three IIR structures are proposed to approximate the subband
filters such that the computational loading can be further reduced.

The first structure is the regular IIR filter. Partitioning the desired room response into subbands enables the
identification of the subband filter with smaller number of modes than the total band response. Following the
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Fig. 4. Magnitude of the frequency response of an 8-channel filter bank. (a) The FIR prototype resulting from the Kaiser window design

with transition bandwidth Df ¼ 0.0625 and stopband attenuation As ¼ 60 dB and (b) the combined response of the analysis filter bank

obtained using cosine modulation.
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process of Fig. 2(b), the room impulse response is filtered by the corresponding analysis filter and
synthesis filter, and decimated to yield the subband impulse response. By transforming this response to the
frequency domain, the subband filter model can be identified by using the Matlab instruction invfreqz [15].
This command finds a discrete-time transfer function to match a given frequency response based on an
equation error criterion. Numerator and denominator coefficients a and b are determined by the following
equation:

min
b;a

Xn

k¼1

otðkÞ hðkÞ �
BðoðkÞÞ
AðoðkÞÞ

����
����
2

(11)
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where ot is the vector of the weighting factors, A(o) and B(o) are the Fourier transforms of the polynomials a
and b, respectively, o is the frequency, and n is the number of frequency points. The damped Gauss–Newton
method is used for iterative search the optimal solution [16,17].

For an example of a rectangular room, the analytical solution of the room response can be expressed as the
following series expansion [18,19]:

pðxÞ ’
X1
n¼0

c2cnðxÞ

o2
n � o2 þ 2jznono

Z
V

cðx0ÞQðx0ÞdV ðx0Þ (12)

where cn is the eigenfunction, Q is the source,

zn ¼
cDnn

2on

(13)

Dnn ¼
1

V

Z
s

c2
nbdS �

1

V

Z
s

c2
nw dS (14)

where S and V are the surface area and the volume of the rectangular room, respectively.
In addition,

bðxÞ9
r0c
z
¼ wþ js (15)

where z is the specific acoustic impedance, r0 is the air density, c is the sound speed, w is the normalized specific

acoustic conductance and s is the normalized specific acoustic susceptance. The parameter s slightly shifts the
modal frequencies (very small in general), whereas w damps the resonant modes. If the admittance is small,
only Dnn has significant effects on the overall damping of the field.

Reverberation time T60, an important property of the room response, is defined as the time required for the
sound pressure level to attenuate by 60 dB. T60 is in general frequency dependent on the absorptivity of the
boundary and medium. T60 can be estimated on the basis of the energy decay curve (EDC) [20].

EDCðtÞ ¼

R1
t

h2
ðtÞdtR1

0
h2
ðtÞdt

(16)

where h(t) is the subband impulse response.
The second structure of subband filter contains parallel comb filters cascaded with nested allpass filters, as

shown in Fig. 5. Unlike Schoroeder’s reverberator [21] that has four parallel comb filters, cascaded with two
serial allpass filters, the nested allpass filter suggested by Gardner [22] is adopted here. One feature of the
nested allpass filters is that no periodic response will arise in the time domain and the echo density increases
with time, which is similar to the response of a realistic room. As compared to a regular IIR filter, it is
straightforward to determine parameters such as dense echo density, modal density, and reverberation time
from the second structure. The stability condition is also easily satisfied with the filter gains retrained to be less
than unity.

The transfer function of the comb filter used in the second structure takes the form

CðzÞ ¼ z�mi=ð1� giz
�mi Þ (17)

where gi and mi are the gain and delay of the ith comb filter. The only parameter to be determined for the
parallel comb filters is the gain g1 of the first comb filter. The remaining gain and delay parameters of comb
filters are calculated according to

20 log 10ðgiÞ

miT
¼
�60

T60
; i ¼ 1; 2; . . . ; p (18)

where m1:mp ¼ 1:1.9 and p is the number of comb filters and T is the sampling period. Thus, the gain and delay
parameters of the nested allpass filters together with g1 of the first comb filter will be optimized, using the GA,
as will be detailed in the next section.

The third structure of subband filter is composed of an FIR filter cascaded with a comb filter. In what
follows, the design procedure is illustrated for one of the subband filters. The FIR filter is intended for
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emulating the early reflections and is written as

HEðzÞ ¼ a0 þ a1z
�1 þ � � � þ aMz�M (19)

where ai; i ¼ 1; 2; . . . ;M are the filter coefficients and M is the filter order. The comb filter serves to
approximate the late reverberation that has an exponentially decay envelope whose decay rate is dictated by
the reverberation time. The comb filter has the transfer function, HC(z) ¼ 1/(1�gz�N), where g and N are the
gain and delay parameters, respectively. Next, the cascaded transfer function H(z) ¼ HE(z)HC(z) is matched to
the subband filter.

HðzÞ ¼
a0 þ a1z

�1 þ � � � þ aMz�M

1� gz�N
¼
X1
n¼0

hsðnÞz
�n (20)
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Multiplying both sides of Eq. (20) by the denominator (1�gz�N), truncating the subband impulse response
hs(n) to K samples, and comparing the coefficients of both sides lead to the following set of equations [23]:

a0

a1

..

.

aM

0

..

.

0

2
6666666666664

3
7777777777775

¼

h0 0 0 � � � 0

h1 h0 0 � � � 0

..

. ..
. ..

. ..
.

hM hM�1 hM�2 � � � hM�N

hMþ1 hM hM�1 � � � hM�Nþ1

..

. ..
. ..

. ..
.

hK hK�1 hK�2 � � � hK�N

2
66666666666664

3
77777777777775

1

0

..

.

�g

2
66664

3
77775 (21)

where hs(n) is written as hn for simplicity. The value of N is generally chosen to be the length of the repetitive
pattern occurring in the subband impulse response. The gain g is determined from Eq. (19). If M ¼ N, the
coefficients ak ¼ hk for k ¼ 0; 1; . . . ;M � 1 and aM ¼ hM � gh0.

4. Optimization by the genetic algorithm

In this section, genetic algorithm (GA) is employed to find the optimal parameters of the preceding second
subband filter structure, without resorting to much experience. GA is a multi-starting-point algorithm and is
less susceptible to local optima problem, making it well suited for reverberator optimization.

In the GA procedure, the design variables are concatenated into the so-called chromosome

y ¼ ½g1 c1 c2 � � � cq d1 d2 � � � dq�
T; y 2 Y (22)

where g1 is the gain of the first comb filter, ci and di (i ¼ 1,2,y,q) are the gain and delay of the nested allpass
filter, respectively, q is the number of loops in the nested allpass filters, andY is the parameter space. There are
1+2q genes per parameter vector.

The chromosomes encoded as binary numbers are generated randomly to form the population. The
objective is to find the chromosome with which the EDC of the synthesized reverberator best approximates the
desired one. The cost function for match, Z(y), is defined as

ZðyÞ ¼ max
t
ðjEðtÞ � ÊðtÞjÞ (23)

where E(t) is the desired subband EDC and ÊðtÞ is the synthesized EDC. This cost function is then related to a
fitness function through the following linear mapping [24,25], also depicted in Fig. 6:

F ðyÞ ¼ aZðyÞ þ b (24)
F (�)

Fb

Fw

� (�)�w�w

Fig. 6. The relationship between the cost function and the fitness function in GA.
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where

a ¼
Fb � F w

Zb � Zw

(25)

b ¼ F b � aZb (26)

Zb and Zw are the best and worst values of the cost function, respectively.
The first GA procedure, reproduction, decides which chromosome in current generation will survive

according to the probability

pk ¼
FkðyÞPNp

k¼1F kðyÞ
(27)

where Np is the population size. Based on pk, the cumulative distribution function (CDF) is calculated. With
reference to the CDF, a random number between 0 and 1 is then generated to decide which chromosome
should enter the mating pool. This operation is repeated Np times to obtain a new population.

The second GA operation, crossover, exchanges information between the two randomly chosen
chromosomes in the mating pool. Another random number between 0 and 1 is generated. If this number is
less than the prespecified crossover probability Pc, the following crossover operation will take place:
parents 1: xxxxxxxx
parents 2: yyyyyyyy
m splice point
becomes
child 1: xxxyyyyy
child 2: yyyxxxxx
after crossover.
The third operation, mutation, is necessary for preventing the population from premature convergence. This

operation is initialized by specifying a mutation probability Pm. Then, a ‘‘masking’’ string of the length of a
chromosome is constructed for each chromosome by randomly generating numbers between 0 and 1. If the
number is less than the mutation probability, the corresponding digit in the masking string is set to 1,
otherwise, 0. Mutation is carried out by the ‘‘exclusive-OR’’ operation between the chromosome and the
associated masking string. For example,

maskingpattern : 01000100

chromosome : 10110110 before mutation

chromosome : 11110010 after mutation

The above GA steps should be repeated before the optimal solution can be reached. The overall flow chart of
GA optimization is summarized in Fig. 7. According to the elitism policy, the best two chromosomes are
preserved during the reproduction. They are passed directly to next generation without crossover and
mutation.

5. Experimental investigations

A binaural frequency and impulse responses of a concert hall measured by the Physikalisch-Technische
Bundesanstalt [26] is shown in Figs. 8(a) and (b), respectively. The sampling rate is chosen to be 44.1 kHz. The
room response has high gain at low frequencies and significant roll-off at high frequencies due to air
absorption. We began with the implementation of the first subband structure mentioned in Section 3 to match
this measured room response. In this structure, 32 channels were included in the filter bank. All subband filters
were identified from frequency domain with the Matlab command invfreqz. IIR filters ranging from 60 to 72
orders were used to fit the frequency responses of the first 8 subbands, while 30 orders were used for the rest of
the subbands because the low frequency components seem to dominate the room response. For example, the
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identified frequency responses of the first and the thirteenth subband filters are shown in Figs. 9 (a) and (b),
respectively. The resonant peaks are still quite many even if 32 subbands have been used, making it difficult to
model the complete dynamics in the system. The total order of IIR filters is 1234, in comparison with the
original measured 50 000-tapped FIR filter.
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Based on the EDC of the subband impulse response in Fig. 10, the reverberation time T0.30 is first estimated
and then multiplied by two to get T0.60. From the estimated reverberation time, Eqs. (16) and (18) are used to
determine the gain and delay parameters of the comb filters. Next, the preceding GA optimization procedure
was conducted to find the best parameters for the second structure to fit the EDC of the measured room
response. The parameters used in GA were set to be: population size ¼ 100, number of generations ¼ 100,
crossover probability ¼ 0.8, mutation probability ¼ 0.01, and four comb filters cascaded with a six-looped
nested allpass filter. The 16-channel filter bank proved appropriate for this problem. Fig. 11 compares the
optimized EDC, the impulse response, and the frequency response with the desired response for the first
subband. The optimal parameters found by the GA procedure of this case are presented in Table 1. It is
observed that the optimized system seems to have captured the general time-domain features. Even though the



ARTICLE IN PRESS

0 0.2 0.4 0.6 0.8 1
-60

-50

-40

-30

-20

0 50 100 150 200 250 300 350 400
-0.02

-0.01

0

0.01

0.02

0.03

0 0.2 0.4 0.6 0.8 1
-60

-50

-40

-30

-20

0 50 100 150 200 250 300 350 400
-0.02

-0.01

0

0.01

0.02

0.03

Time (samples) Time (samples) 

Normal frequency (×� rad/sample) Normal frequency (×� rad/sample) 

M
ag

ni
tu

de
 (

dB
) 

A
m

pl
itu

de
 

0 0.2 0.4 0.6 0.8 1
-60

-40

-20

0

20

0 200 400 600 800 1000 1200
-0.1

-0.05

0

0.05

0.1

0 0.2 0.4 0.6 0.8 1
-60

-40

-20

0

20

0 200 400 600 800 1000 1200
-0.1

-0.05

0

0.05

0.1

Time (samples) Time (samples)

Normal frequency (×� rad/sample) Normal frequency (×� rad/sample)

M
ag

ni
tu

de
 (

dB
)

A
m

pl
itu

de
 

Fig. 9. Comparison between the synthesized response and the measured response for the first subband structure. (a) Frequency and time

responses for the first subband and (b) frequency and time responses for the thirteenth subband. (Left side: synthesized response; right

side: measured response.)
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frequency responses did not match well, the comb filters did not present notable coloration problem, as
commonly encountered in comb and allpass reverberators. The computation efficiency is dramatically
enhanced in that the subband filter with 3125 taps reduced to 4 comb filters cascaded with a six-looped nested
allpass filter.
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The implementation of the third subband structure is considered next. First, the interval of the repetitive
pattern in a subband impulse response must be estimated for the delay term of the comb filter. The gain of the
comb filter is determined by Eq. (18). The FIR filter coefficients are then calculated via letting M ¼ N in
Eq. (21). Experience indicates that eight subbands are appropriate for this problem. The time domain and
frequency domain first subband responses of the synthesized and the measured responses are compared in
Fig. 12. The agreement is reasonably consistent and no significant coloration is introduced by the comb filter.
Furthermore, the structure embedded in the early portion of the impulse response was preserved well by the
FIR filter. The parameters of the eight subbands including the gains and delays of the comb filters are
summarized in Table 2. Since the energy at high frequency decays more rapidly than that at low frequency, the
corresponding gains of high frequency subbands are smaller.

In order to compare the above-mentioned three subband structures, computational loading and subjective
performance are considered. First, the computational loading of the three structures is compared in Table 3.
According to EDC the reverberation times (T60) of the reverberators implemented using three structures are
calculated and shown in Table 4. It is seen that the filtering efficiency of the second structure is lowest among
all. Subjective listening tests involving 10 human subjects were then performed to evaluate the rendering
performance of the three approaches. A headphone was used as the means for reproduction. Subjective
indices, spaciousness, clarity, naturalness, and richness are adopted in the tests. Each index is assessed in terms
of five discrete levels: 1 ¼ very poor, 2 ¼ poor, 3 ¼ fair, 4 ¼ good and 5 ¼ perfect. The meaning of these
subjective indices was fully explained to the participants prior to the listening test. A symphony music and a
female speech are used as the audio inputs. Each subject was asked to compare the audio signals synthesized
by the measured room response with those synthesized by proposed methods. Each index is divided into the
above-mentioned five discrete levels to indicate how close each subject perceives between the synthesized signal
and the measured room response. The test results for the reverberators using three subband structures are
illustrated with error-bar plots of Figs. 13 (a) and (b). Several observations can be derived from these
experimental results. The spaciousness resulting from the 32-subband regular IIR filters is somewhat lower
than the other two structures, even though the common problem with headphone of in-head rendering has
been eliminated. Irrespective of the methods used, a trade-off is evident between the two indices, spaciousness
and clarity. Three methods exhibit similar behavior for both types of audio input. The total scores defined as
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Fig. 11. Implementation results of the second structure for the first subband. (a) Comparison of the EDC resulting from the synthesized

subband filter and the measured filter, (dashed line: synthesized response; solid line: measured response), (b) comparison of the impulse

responses resulting from the synthesized subband filter and the measured filter, (left side: synthesized response; right side: measured

response) and (c) comparison of the frequency responses resulting from the synthesized subband filter and the measured filter (left side:

synthesized response; right side: measured response).
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Fig. 12. Implementation results of the third structure for the first subband. (a) Comparison of the impulse responses resulting from the

synthesized subband filter and the measured filter and (b) comparison of the frequency responses resulting from the synthesized subband

filter and the measured filter (left side: synthesized response; right side: measured response).

Table 1

Coefficients of the comb and nested allpass filters in the first subband for the second structure.

Filter Comb filter Nested allpass filter

Gain 0.8924 0.8632 0.8349 0.8059 0.3771 0.5535 0.8078 0.7866 0.8388 0.5739

Delay 58 75 92 110 173 148 231 96 116 135
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the sum about the four indices and both audio inputs are 30.0, 28.5, and 30.2 for the first, the second, and the
third structures, respectively. This listening test indicates that the third structure performs best in the
subjective evaluation at the expense of computational cost. Even though the performance of the second
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Table 3

Comparison of computational loading in the three structures.

Model Model 1 Model 2 Model 3

Number of subbands 32 16 8

Order of prototype filter 231 115 57

Total taps of FIR filter None None 1435

Total number of comb filters None 64 10

Total number of allpass filters None 96 None

Total order of IIR filter 1234 None None

Design complexity Median High Low

Computation complexity High Low Median

Table 4

Reverberation times of reverberators implemented using the three structures.

T60 Model

Model 1 Model 2 Model 3

Measured 0.0226 0.0680 0.1360

Synthesized 0.0226 0.1864 0.1133

Table 2

Coefficients of the comb filters for the third structure.

Band Band 1 Band 2 Band 3 Band 4 Band 5 Band 6 Band 7 Band 8

Gain 0.6363 0.6315 0.7916 0.6781 0.4778 0.5547 0.2391 0.255

Delay 360 295 124 138 190 115 122 91
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structure was somewhat poorer in clarity and naturalness than the other two models, significant
computational saving and superior spaciousness has been achieved. This may be attributed to the fact that
the filter parameters of the second structure are optimized by using the GA procedure.

6. Conclusions

Efficient realization of natural reverberation based on a measured room response has been developed in this
paper. The design procedures of the reverberator in conjunction with three subband filtering schemes are
described in detail. IIR structures are chosen to implement these subband filters to further enhance the
efficiency of subband filtering. These IIR structures involve the regular IIR filter, the cascaded comb filters and
nested allpass filters with coefficients optimized via GA, and the cascaded comb filter and an FIR filter. Cosine
modulated pseudo QMF is used to implement the subband reverberation filters because of its high stopband
attenuation that is necessary for avoiding ringing problems. The proposed methods fully exploit parallelism
provided by the maximally decimated filter bank structures and the frequency dependent properties of
reverberations.

The computational loading and a subjective rendering performance were compared for the three structures.
From the results, the proposed techniques prove effective in delivering quality reproduction of room
reverberations. In particular, the third structure performs best in the subjective evaluation, suggesting that this
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structure captures the salient features of practical room acoustics at the expense of computational cost. While
the performance of the second structure was somewhat poorer in clarity and naturalness than the other two
models, it achieves significant computational saving and exhibits comparable spaciousness as the measured
room response.
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