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Abstract— A new method for designing narrowband cosine-modulated ~~ The CMFB prototype filter is characterized by a 3-dB attenu-
filter banks (CMFBs) is proposed based on the frequency-response masking gtion point and the stopband edge frequency given by
(FRM) approach with masking filter decomposition. The resulting struc-
ture, the so-called FRM2-CMFB, presents a reduced computational com- (1 + )ﬂ_
plexity, and allows one to design filter banks with extremely high number Wsds R~ 7T/(2M); Ws = p
of bands, where standard filter design methods fail to converge. Exam- 2M
ples included, illustrate that the total number of coefficients of the CMFB
prototype filter can be reduced to about 60% of the original FRM-CMFB  Wherep is the so-called roll-off factor that controls the amount

structure, which does not use masking filter decomposition. of overlapping between adjacent bands. If the prototype filter
has ordetV,, and transfer function

1)

I. INTRODUCTION

NP
The cosine-modulated filter banks (CMFBSs) are very popu- o “n
lar in applications requiring large number of subbands due to Hy(2) = T;)h”(n)z 2)

their easy design (based solely on a single prototype filter) and

computationally efficient implementation [3], [4], [5]. then the impulse responses of the analysis and the synthesis fil-
The frequency-response masking (FRM) approach is an éérs are given by

ficient method for designing linear-phase FIR digital filters

with general passbands and sharp transition bands. With S%C,D(n) — 2%, (n) COS{(Zm + 1)(n — N, /2)m N (_qu 3)

method, by allowing a small increase in the overall filter order, b 2M 4

it is possible to reduce the number of coefficients to about 30% {(Qm +1)(n — N,/2)7

of the number required by a minimax FIR direct-form filter [1]. fm(n) = 2hp(n) cos oM
In this paper, we analyze the use of the FRM approach to

design the prototype filter of a CMFB. The narrowband-CMFBespectively, forn = 0,1,...,(M —1),andn = 0,1,...,N,.

case is considered where standard minimax method fails to contf the CMFB prototype filter ha$N,, + 1) = 2K M coeffi-

verge and even the FRM-CMFB [5] structure presents high comients, then th@ M/ -polyphase decomposition dii,(z) can be

putational complexity. A new structure is then introduced, theerformed such that

so-called FRM2-CMFB, where the initial FRM masking filter is

decomposed into a second-stage interpolated base filter and cor- M1

omg|@

responding masking filters. The result is further reduction in the Hp(z) = Z zE; (M) ®)
computational complexity of the CMFB implementation, when 7=0
compared to the FRM-CMFB, and the possibility of designinglith
filter banks with extremely high number of bands. K—1

The organization of this paper is as follows: In Sections 2 Ej(z) = hp(2kM + j)z=* (6)
and 3, we describe the basic concepts behind the CMFB and k=0
FRM methods, respectively. In Section 4, the FRM-CMF%rj —1,...,2M.

structure presented in [5] is revised, and a narrowband CMFB Ager some standard algebraic manipulations [7], the analysis
design is included. In Section 5, this example is used as MotiVrars can then be written As

tion to introduce the FRM2-CMFB structure, where a two-stage

FRM is used to design the CMFB prototype filter. Examples 2M—1 K1 . M
are included illustrating the results achieved with the proposedZm(2) = > |em z ™ Y (=1)*h, (2kM + j)z~
method. j=0 k=0
2M—1
Il. THE CMFB STRUCTURE =Y emjz IEj(-2*M) (7)
j=0

CMFBs are a commonly used tool in signal processing appli-

cations [3], [6], [7], [8]- The main advantages of CMFBs includ(?Orm —0.,1,...,(M—1). Based on such description, the anal-

Its S|mple_deS|gn, as _only_ one prototype filter is required, and I3t/§°,is filter bank can be efficiently implemented as given in Fig-
computationally efficient implementation.

ure 1, wherd is the identity matrix and is the reverse identity
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niz} @Ips.ufrj.br L An analogous decomposition follows for the synthesis filters.
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z(n)—c-: also that we are mainly interested on the narrowband filter case,
z \ where the complementary branch is absent from the FRM struc-
Lo : L(1%J -] L Ho (=) ture?. In such case, the transfer functions for the analysis filters
Er— : are given b
’ Bara (27) o8 = Ha(2) ey
21 . DCT-IV .
. En(-22) : : N
: O~ e g (2) Hpn(2) = cmnl(hy # g1)(n)z"" ©)
: : : n=0

(DET-J /
Z-ll _ i

Fig. 1. Efficient CMFB structure.

where the tern{h{, * g1)(n) denotes the convolution between
the interpolated base filter and the positive masking filter re-
sponses, andV is the overall order of the FRM filter. The key
point in the FRM-CMFB structure is to find out how to obtain a
computationally efficient polyphase decomposition of this con-
B’f]’lu“on operation.

Ill. THE FRM METHOD

In the FRM technique, a lowpass base filter is interpolated ;
a factor of L, Hy, (2%), what generates a repetitive frequency ASSUMING thatHy, (z) and G (z) have ordersV, and Ny,

spectrum whose output signal is processed by the so-called pr@§pect?vely, and using the definition of convolution, Eq. (9) can
itive masking filter, G, (z). Similarly, the complement of this P€ rewritten as

repetitive frequency responsiy, (%), is cascaded by the neg- N, N,

ative masking filter(Z»(z). In such scheme, both maskingfilters _ W _—Li —n

must keep tr?e degrQe(d)spectrum repetitions within thg overall 1m(?) = 2 {hb(l)z ' ;_:Ocm’(”*“)gl (n)z (10)
passband, while eliminating the undesired spectrum repetitions.

The output of both masking filters are then added together j{ane interpolation factor can be written as [5]

form the desired overall response, such that

=0

M
L=2K,M+ —
a +Kb

H(z) = Hy (z")G1(2) + Hpa(27)Ga(2) 8 (11)
as illustrated in Figure 2, where one can clearly see the sh

%RereK > 0 andK are integer numbers, then the analy-
transition nature of the resulting filter. a2 » > D are integer nu ’ y

sis filters can be expressed as

[ H (7)) IG1(e7)], | Hur (77|

A
1] LET ~ P\ Hy(2) = Z [ZLqHI;1q(_ZLQ)
q=0
0 ) LW 0 w 2M—1 )
o & ¢ T 0 ™ x Con 4 g2 B (=2"M) (12)
(a) Base filter. (b) Positive masking filter- =0
ing.
where
| [H ()] B ) S (K —k
_ hg(2) = D (DR (kQ + q)z (13)
k=0
l - forg =0,1,...,(Q—1),whereQ) = 2K, and(N,+1) = QK,,

(c) Negative masking filter-
ing.

(d) Overall FRM response.

and an efficient FRM-CMFB structure results.
Example 1 Design a CMFB with\/ = 1024 channels, using a
roll-off factor of p = 0.1, a maximum bandpass ripple df, =

0.2 dB, and a minimum stopband attenuationtf = 50 dB.

Fig. 2. FRM operation: The combination of the frequency responses in the-(l;r—le standard minimax deS|gn would require a prototype filter of

rect and complementary FRM branches generates a filter with general passB4H€r N = 88865, which is impractical.
and narrow transition band. Using the FRM-CMFB structure, witkl, = 0 and K, = 4,
) o o ) ~such thatL. = 256 (which corresponds t6) = 8 polyphase
I the desired filter is narrowband, then it is possible to elimigomponents for the base filter) we obtain a prototype filter with
nate the FRM complementary branch, further reducing the nuURtotal of M = 1147 coefficients, as described in Table I. The
ber of coefficients in the resulting filter [1]. partial magnitude response for the prototype filter can be seen

in Figure 3, where one can also see the 16 first channels of the
IV. THE FRM-CMFB STRUCTURE corresponding filter bank.

Let us consider the FRM-CMFB structure where the FRM ap-
proach is used to design the prototype filter of a CMFB. AssumeThe general case is addressed, for instance, in [5].
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TABLE |
FRM-CMFB CHARACTERISTICS INEXAMPLE 1.

N_| M A A,
801 | 0 | 1147 62 dB

256

Normalized Frequency

Normalized Frequency

L/L'. From Eq. (15), the values of,, (,,1;) depend only on
L', and therefore the two base filters together will not misalign
the DCT-IV terms in the masking filter decomposition. We can
then rewriteH,,,(z) as

Q' -1
Hu(z) = Y [ZL Ty g (—2' @)

q=0
2M—1
X D emme? B (=] (16)
7j=0

where@’, L', and K are the respective counterparts@f L,

and Ky, in the polyphase decomposition of the second base fil-
ter, H}(z), andHyy, (—2"'?") represents the transform of the
convolutions betweemﬁ and each polyphase component of
H{(z), the second base filter. It is possible, however, inzhe
domain to treat each of these convolutions as the cascade of two
filters, turning Eq. (16) into

Q-1

Ho(2) = Hn(—25) 3 [zL’QH,;q<—zL’Q’>
q=0

2M—1
X Z cm’(n+g2q)zJE;-(—z2M)} 17)
7j=0

where H; (z) is the gth polyphase component df ;(z), for

g = 0,1,...,(Q" — 1). From this equation, we notice that in
the FRM2-CMFB structure, it is then necessary to decompose
the second-stage base filter by a factordf = 2A//L', and

Fig. 3. Magnitude responses of Example 1: (a) Prototype filter; (b) Filter bak&k introduce a slightly changed version of the interpolated base

(bands 0 to 15).

V. THE FRM2-CMFB STRUCTURE

filter, Hy, (—2z"), at the input, as depicted in Figure 4.

As seen above, the FRM method can be an efficient way to
design CMFB prototype filters. There are cases, as the one illus-
trated in Example 1, that even the FRM-CMFB tends to present
reasonably high computational complexity. The structure can
then be further simplified if another stage of FRM is used to
design the original FRM-CMFB masking filter, yielding the so-
called FRM2-CMFB structure. This technique is referred to as
a two-stage FRM method, whih is similar to the masking filter
factorization introduced in [2].

In the FRM2-CMFB structure, we can then write that

N
Hu(2) =3 cmn((hly x hi') % g1)(n)z ™"

n=0

(14)

where(h/,  hl')(n) denotes the convolution of the two inter-
polated base filters. Noticeptveverthat this convolution must
present an overall interpolation factor that satisfies Eq. (11). For

instance, ifL is a multiple ofL’, we can write that

Np

Ny,
Hp(2)= Z {(hbli *hg) (i)ziLliZCm,(n-i-L'i)gl (n)z~" (15)
n=0

i=0

Fig. 4. Block diagram of the FRM2-CMFB (the DCT-IV block is not shown).

Example 2 In this example, we design the filter bank described
in Example 1 using the FRM2-CMFB method. In this case, the
original base filter remains unchanged while the masking filter
is decomposed into two new filters. For the second-stage base

where N is the order of the convolutioti2{, * h{')(n), and filter the interpolation factor was chosen to bé = 16, corre-
h,ﬁ represents the original base filter interpolated by a factor sponding toQ)’ = 128, yielding the filter characteristics shown
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in Table 1l and the magnitude responses seen in Figure 5. Thus,

in this case, for the complete FRM2-CMFB design only a total

of M = 459 coefficients is needed.

TABLE Il
FRM2-CMFB CHARACTERISTICS INEXAMPLE 2.

T[N [N [N [ M] 4 A,

P
16 | 66 | 49 0 | 459 | 0.02dB | 60dB

Gan, d8
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(b)

Fig. 5. Magnitude responses of Example 2: (a) Prototype filter; (b) Filter b

(bands 0 to 15).

from a FRM-CMFB withL = M = 1024, thus requiring only
Q = 2 polyphase components for the base filter. In such cas¥,

TABLE IV
FRM2-CMFB CHARACTERISTICS INEXAMPLE 3.

TN [N [N [ M] 4 A,

P
64 | 116|189 | O | 396 | 0.045dB | 60dB

Gan, B
=
=

T =

150 w ' NJ ‘WU ]
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Fig. 6. Magnitude responses of Example 3: (a) Prototype filter; (b) Filter bank
(bands 0 to 15).

VI. CONCLUSION

The problem of designing narrowband CMFBs was addressed
al% introducing the so-called FRM2-CMFB structure. In this

structure, a two-stage FRM approach is used to design the

, i CMFB prototype filter, yielding a computationally efficient im-
Example 3 In this example, the same filter bank of Exampl%lementation.

1 is designed with the FRM2-CMFB method, starting, however,

the FRM-CMFB is characterized in Table Ill, where we notice
the extremely high order required by the original masking filtef2]
Using the FRM2-CMFB structure to reduce the computational

complexity, with ' = 64, corresponding t@)’ = 32, yields

the characteristics included in Table IV. We then notice that tfH&

total number of coefficients is drastically reduced\tb = 396,
which is even smaller than the results achieved in Example 2}

The magnitude responses for this FRM2-CMFB prototype filter

and overall filter bank are seen in Figure 6.

TABLE Il
FRM-CMFB CHARACTERISTICS INEXAMPLE 3.

I [N, Ny [N | M
1024 | 88 | 7613| 0 | 7703

(5]

(6]
(71
(8]
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