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ABSTRACT

A 32-channel, cosine-modulated QMF bank whose recon-
struction delay is about half that of the current MPEG filter
bank is proposed. The low-delay QMF bank is then realized
in terms of a fast polyphase structure.

1. INTRODUCTION

The Moving Picture Expert Group (MPEG) has proposed
an international standard [1] for the compression of high-
bit-rate moving pictures and associated audio signals. In
layers I and II of the current MPEG audio compression
scheme, a 32-channel cosine-modulated quadrature mirror-
image filter (QMF) bank is used to realize the time-
frequency mapping and a fast polyphase structure is avail-
able for implementing this QMF bank. Regardless of the
coding process, the reconstruction delay of the filter bank
is 5127, where T is the sampling period.

In this paper we propose a 32-channel, low-delay, cosine-
modulated QMF bank which has a reconstruction delay
about half that of the current MPEG filter bank. We then
realize the low-delay QMF bank in terms of a fast polyphase
structure.

2. A 32-CHANNEL LOW-DELAY
COSINE-MODULATED QMF BANK

A low-delay cosine-modulated QMF bank based on the
multi-channel filter bank shown in Fig. 1 can be designed as
follows [2]. The frequency response of the prototype filter
P.is PL(ej“’) = [PL(ej“’)I e~Iwkal2 where kaf2 < (N-1)/2
is the group delay and N is the filter length, and the im-
pulse responses of the analysis filters Hy and the synthesis
filters Fy are given by

hi(n) = 2pr(n)cos [(2k+1)§7rH (n— _’fzﬁ) —(k+ l)g]

fx(n) = 2pr(n)cos [(Zk + 1).2_;-4— (n - ,’fzﬁ) +(2k + 1)_:_]

for0 <Kn < N-—1and 0 <k <M — 1, where M is the
channel number and pr(n) is the impulse response of the
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prototype filter P;. The reconstruction delay is k4 which,
in principle, could be any integer less than N — 1.

An iterative method to design a low-delay filter bank
with M = 32, N = 513, and kq = 255 was proposed
in [3].
evaluated in terms of the peak-to-peak reconstruction er-
ror Epp = m:xlTo(ej‘”)l —n}jn |To(e’*)| where |To(e’*)] =
| Z;u:;l Hy (&) Fx(e’“)[; the aliasing error Eo = max E(w)
where E(w) = It['[zl::l [Ti(e?)|?1*/? and Ti(e’*) =
ZkM=_11 Hy(e7@2™/M)Y Py (e7¢); and the signal-to-noise ra-
tio SNR = 10log,0{>_ z*(n)/ Y [z(n) ~ £(n + k4)]*} where
the input z(n) is a ramp signal. For comparison, the per-
formance of the current MPEG QMF bank is also evaluated
using the same criteria and the results are listed in Table

The performance of the filter bank obtained is

1 where T represents the sampling period. The amplitude
responses of the analysis filters of the low-delay QMF bank
and the current MPEG QMF bank are illustrated in Figs. 2
and 3, respectively. It can be noted that the proposed low-
delay QMF bank has reduced the reconstruction delay by
50%, and E, and SNR are comparable with those of the
corresponding MPEG QMF bank but E,_, is larger.

Table 1. Comparisons between the low-delay QMF
bank and current MPEG QMF bank

| I %« | Es-p | E. ]SNR(dB)]

Low-delay 2557 | 8.9669 | 4.6497 88.14
QMF bank x107* | x10~¢
MPEG 5127 | 1.6328 | 2.7128 84.34
QMF bank x107* | x10~°
2.1. An efficient polyphase implementation

Like the current MPEG QMF bank, the proposed low-delay
QMF bank can be implemented by an efficient polyphase
structure [1].



2,2. Analysis subband filtering

For convenience, coefficient p;(512) is dropped as in the
MPEG QMF bank. At the lth instant, the subsampled
signal in the kth channel, zx(l), is given by

N-1

ze(l) =) ha(n)z(IM —n)

n=0

for k =0,1,..., M — 1 where N =512, M = 32, and z(n)
represents the input audio signal. Let n = 29M + p, for
v=0,1,..,7, p=0,1,...,63. By substituting »n in the
above equation, we obtain

() =Y E hi(2YM + p)z(IM — 29M — p)

p=0 =0

63 7 . L
4
ZZZCOS [(2k+1)§7\4— (27M +p-— _2_)

p=0 y=0

—(2K + 1)%] - p2(2YM + p)z(IM = 29M — p)
Zocos [(Zk + l)i%(p —16 — %)]
7

- 2A=1)"pL(647 + p)x(32 — 647 - p)

y=0

where k =0,1,...,31. It follows that the analysis subband
filtering can be performed by the following steps:

¢ Input 32 audio samples.

e Construct an input sample vector x of 512 entries.
Shift in 32 samples of the signal at positions 0 to 31
with the most recent one at position 0 and shift out

the 32 oldest samples.

Compute z; = 2. (~1)"1/54x, . p; (3)
fori=0,1,...,511.

Compute y; E;=o Ziyes4j for 1 =0,1,...,63.

...,31, where

1)

Compute 8; = Ziio Mis-yx fori=0,
Mk = cos[(2i + 1)(k — 16 — ka/2)x/64]

for 1 =0 to 31 and & = 0 to 63.

¢ Output 8; for i = 0,...,31 as the subband samples.

2.3. Synthesis Subband Filtering

The upsampled signal Zx(n) and the subsampled signal
zx(n) in the kth channel are related by
Fa(n) = { zk(n) n =IM for integer !

0 otherwise
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for k=0,1,..., M — 1. Hence the reconstructed signal can
be expressed as

M—-1N-1
2(n)= Y > fuli)Ek(n—1i)
k=0 i=0
If we let y(n,i) = E::;l Fr(3)Ex(n — 1), then
N-1
i(n) =Y y(n,i)
=0
By assuming
fo(0) fo(1) fo(N -1)
| A0 A fi(N -1)
fm-1(0)  fm-1(1) fu-1(N =1)
= [p2(0)q0 pr(N)a1 --- pL(N —1)an-1]
where q; for t =0,1,..., N — 1 are column vectors and

cos [(Zk +1)50 (i - %) + 2k + 1)%]

cos [(16 +i- %) (2k + 1)6?'—4]

for k = 0,...,M — 1, we obtain y(n,s) = (pr(t)qi, Wn—:)

qi(k)

where wn = [ Zo(n) 1(n) --- m—1(n) ]7. Hence
&(n) = Z(m(i)qe,wn_.') 2

Now consider a reconstructed signal vector %;5s formed by
the reconstructed signals at the (IM)th, (IM + 1)th, ...,
(IM +31)th instants. By (2) and noting that only wipm # 0
for integer I, we can write

[ 2(M)

#(IM +1)

| (1M +31)

[ 12235(1%((’ — ) M)qq—iym, Win)
Zi;:s(i’fa((l —-i)M+ 1)‘1(!-—-‘)M+1,W='M)

L Z:zm(PL((I — )M + 31)q_i)m431, Win)
ADim

where A = [ Ao A, ... A15] with
A; =diag[p (M) -+« pr((i+1)M ~1)]fori = 0,1,...,15,
and

d, [aoqs ---qs1]"winr

d; [qs2qas - QGSJTW(I—-l)M
Diy=|4d | = [ass qes - -+ q95]Tw(1-2)M

dis [9480 Qus1 - - - Q511]TW(1-15)M



Note that for an integer m,

cos[(16 + 64m + i — ka/2)(2k + 1)/64]
(=1)™ cos[(16 + i — ka/2)(2k + 1)7/64)]

= (—~1)"gi(k)
for i = 0,...,63, and hence qesm+i = (—1)™q;. Therefore,
to form D;u, only qo, q1, - -+ and ges need to be calculat-

ed.
In summary, the synthesis subband filtering can be car-

464m+i(k)

ried out by the following steps:

e Input 32 new subband samples s; for ¢ =0,...,31 and

initialize vector v of length 1024.
Set v; = v;._g4 for ¢ = 1023 to 64.

Compute v; = 221:0 Nix -85 for: =0,...,63, where

Nir = cos[(16 + i — ka/2)(2k + 1) /64] 3)

for 0<i<63, 0<k<3l.
Construct vector u as follows
fori=0to 7,
for j =0 to 31,
{ Wesit; = Vizsiy;
We4itj+32 == V128i+9645

}

2. (1)l y, L pr(G) for &

Compute w;
0,...,511.

Compute 32 samples %, 32 E.l*:o Wtz for 3 =
0,...,31, and output %X; as the reconstructed PCM

samples.

SIMULATIONS

The polyphase implementation described in Sec. 1is a mod-
ified version of the MPEG standard [1] in that the prototype
filter with symmetrical impulse response is replaced by a
filter with asymmetrical impulse response, and entries M

3.

and N, are now calculated using (1) and (3), respectively.

To show the efficiency of the polyphase implementation,
the numbers of multiplications (multi) and additions (add)
per input and per output for the polyphase implementa-
tion, and those for a direct implementation [4], where each
channel is implemented individually in a polyphase form,
are listed in Table 2. It is observed that the operations re-
quired in a polyphase implementation are much less than
those in the direct implementation.

To verify the polyphase implementation, we used a ramp
signal as the system’s input. The input and the outputs
of the proposed low-delay QMF bark and of the current
MPEG QMF bank are shown in Fig. 4. It is observed that,
in agreement with the design specification, the low-delay
QMF bank needs only half of the time required by the cur-
rent MPEG QMF bank to reconstruct the input signal.
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Table 2. Computation required by the polyphase
and direct implementations

per input per output
multi. add. | multi. add.
Polyphase 80 7 80 7
Direct 512 511 512 511
4. CONCLUSION

A low-delay cosine-modulated QMF bank has been pro-
posed for MPEG audio compression and an efficient
polyphase structure has been presented. The simula-
tion shows that the reconstruction delay in the low-delay
QMF bank can be made half of that in current MPEG QMF

bank.
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Figure 1. Multi-channel filter bank.
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Figure 2. Amplitude responses of low-delay analysis filters.
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Figure 3. Amplitude responses of current MPEG analysis
filters.
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Figure 4. Input: solid line; output (low-delay QMF bank):
dash-dot line; output (current MPEG QMF bank): dotted

line.
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