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Abstract-A hi-fi audio CODEC with an improved adaptive 
transform coding (ATC) algorithm is developed using digital 
signal processors (DSP’s). An audio signal with a 20 kHz band- 
width sampled at 48 kHz is coded at a rate of 128 kb/s. The 
algorithm utilizes adaptive block size selection, which is effec- 
tive for pre-echo suppression. A modified discrete cosine trans- 
form (MDCT) with a simple window set is employed to reduce 
block boundary noise without decreasing the performance of 
transform coding. In addition, a fast MDCT calculation algo- 
rithm, based on a fast Fourier transform, is adopted. Weighted 
bit allocation is employed to quantize the transformed coeffi- 
cients. The CODEC is realized by a multiprocessor system 
composed of newly developed DSP boards. Subjective tests with 
the CODEC show that the coding quality is comparable to that 
of compact disc signals. 

I. INTRODUCTION 
ECENTLY, audio signal coding has been widely R studied for integrated services digital network (ISDN) 

and digital recording media applications [ 11-14]. One of 
the current standardization activities for hi-fi audio coding 
is being carried out by the Moving Picture Expert Group 
of the International Standards Organization (ISO/MPEG) 
[5] for next-generation digital recording media. The main 
target bit rate is 128 kb/s for a monophonic audio signal 
with a 20 kHz bandwidth. 

Adaptive transform coding (ATC) [6]-[8] is one of the 
most promising algorithms for hi-fi audio coding. The 
transformed coefficients are quantized according to their 
bit assignments, which are determined adaptively by using 
the coefficient power. Therefore, redundancy in signals is 
effectively removed and a high compression ratio is 
achieved. However, conventional ATC with discrete co- 
sine transform (DCT) involves quality problems due to 
the following two coding errors: a pre-echo caused in the 
silent period before an abrupt increase of the signal mag- 
nitude, or an attack, and noise at block boundaries de- 
grading the subjective quality. In addition to these prob- 
lems, the decrease in the performance of transform coding 
[6] is serious for signals with a widely spread spectrum. 
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This paper presents a new ATC CODEC that does not 
suffer from these problems. A modified DCT (MDCT) 
with adaptive block size has been introduced to reduce 
pre-echo and block boundary noise. A shorter block size 
is selected during nonstationary periods in order to make 
use of the backward masking effects of human ears [9]. 
As the decrease in transform coding performance cannot 
be avoided with flat-spectrum signals, weighted bit allo- 
cation, based on the simultaneous masking effects [IO], is 
employed only for quantizing the flat spectrum signal coef- 
ficients. In Section 11, the problems of conventional ATC 
are demonstrated with examples. The features of the new 
coding algorithms are presented in Section 111. Hardware 
implementation is described in Section IV. Finally, the 
coding quality for various kinds of signals is evaluated in 
Section V. 

11. ATC WITH A FIXED-BLOCK-SIZE DCT 
A blockdiagram for a conventional ATC with a fixed- 

block-size DCT [8] is shown in Fig. 1. Input samples are 
buffered and a block of samples is transformed to fre- 
quency domain coefficients by a DCT. Based on these 
coefficients, the smoothed spectrum is calculated and 
transmitted as side information. Bit assignment is accom- 
plished in proportion to the spectrum power. Based on the 
assignment, the transformed coefficients are quantized and 
transmitted as main information. 

Fig. 2 shows an example of source and reconstructed 
signals by ATC, when a fixed-block-size DCT was used. 
Fig. 2(a) shows the waveform for a source generated from 
a drum. Segments A, B, C, and D in this figure are blocks 
of 256 samples. In Fig. 2(b), segments A through D are 
coded and decoded as a single block of 1024 samples. In 
Fig. 2(c), segments are processed as four independent 
blocks. Comparing Fig. 2(a) and (b), it is obvious that 
noise components have been added to the decoded signal 
in segments A, B and the first half of C. These noise 
components are due to quantization errors in the fre- 
quency domain and result in pre-echoes. The pre-echo 
disappears in segments A and B when a block size of 256 
is applied, as in Fig. 2(c). As individual segments A 
through D are processed independently, segment C, where 
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Fig. 1. Conventional ATC block diagram. 
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Fig. 2. Source and reconstructed signals by conventional ATC. (a) Source 
signal. (b) Reconstructed signal with a block size of 1024. (c) Recon- 
structed signal with a block size of 512. 

the attack is located, is processed separately, thereby af- 
fecting no other blocks. 

If the block size is set small enough, the loss of quality 
due to pre-echoes can be reduced. This is beacuse pre- 
echoes are masked by attacks owing to the backward 
masking effects of human ears when the periods for pre- 
echoes are short [9]. Experiments have shown that the 
time period corresponding to the block size should be be- 
low 5 ms. On the other hand, when the block size is small, 
the performance of transform coding decreases and the 
coding quality is degraded [6] for most signals. The rea- 
son is that the bit rate supplied for encoding the main in- 
formation is reduced for a small block size due to the 
overhead required for side information. The tradeoff be- 
tween the block size and coding quality is a design prob- 
lem in the conventional ATC. 

The noise at block boundaries, which is inherent in 
block operations, also degrades the coding quality. As 
.each block is encoded independently, the quantization er- 

. 

ror affects successive blocks differently. As a result, a 
large noise is sometimes caused at the block boundaries. 
To reduce the noise, the overlapped window technique 
[ 111 has been commonly used. However, the performance 
of transform coding decreases because the overlapped 
portion is transformed twice. Therefore, a modified DCT 
(MDCT) [12] has been introduced for block boundary 
noise reduction without the performance decrease of 
transform coding. This MDCT, however, cannot cope 
with the tradeoff problem between the block size and cod- 
ing quality. 

The coding quality degradation with signals having a 
wide spectrum is a serious problem for high-quality audio 
coding. As assigned bits are distributed to a wide fre- 
quency range depending on the spectrum, the perfor- 
mance of transform coding decreases for those signals [6 ] .  
The degradation is clearly perceived in coding cabasa 
sources. 

11. ATC WITH ADAPTIVE BLOCK SIZE MDCT 
A .  System Con$guration 

A new ATC algorithm features adaptive block size 
MDCT. This adaptive block size selection [13] is effec- 
tive for reducing pre-echoes. As the original MDCT pro- 
posed by Princen et al. [12] assume a fixed block size, 
a new set of windows is equipped to apply adaptive block 
size selection. 

A block diagram of the proposed algorithm is presented 
in Fig. 3. Input samples are buffered and an appropriate 
block size is selected after the signal characteristics have 
been evaluated in the time domain. The selected number 
of samples is then transformed into coefficients in the fre- 
quency domain using the MDCT. The coefficients are 
averaged and decimated for transmission, as side infor- 
mation. The spectrum distribution is calculated using this 
information. Simultaneous *psychoacoustic weighting is 
applied in bit assignment only for flat-spectrum signals in 
quantizing transformed coefficients in order to retain as 
much signal fidelity as possible. 

B. Adaptive Block-Size Selection Algorithm 
Adaptive block-size selection improves the coding 

quality by selecting a larger block size for pseudostation- 
ary parts of an input signal to achieve high transform cod- 
ing gain. It chooses a smaller block for nonstationary parts 
to reduce pre-echoes due to backward masking effects. If 
the block size were determined by segmental signal-to- 
noise ratios (SNR's) for all possible combinations of block 
sizes, high coding quality would be achieved. However, 
this method increases the computation amount required 
for the local decoding process in the coder to enable eval- 
uating the SNR's. Therefore, a simplified but effective 
block-size selection algorithm has been developed [ 131. 
A restriction on block size combinations is first settled. 
The largest candidate block size is defined as a unit block, 
which is divided into subblocks equal in size. Each unit 
block is composed of a single block of the largest size, or 
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two subblocks of the next largest size, and so on, assum- 
ing that the subblock size is decreased by a factor of 2. 
An example of a block size combination is shown in Fig. 
4. 

The block-size selection evaluates changes in the spec- 
trum. The sum of interblock difference power in every 
frequency has been shown [14] to be identical to that in 
the time domain by using Parseval's theorem. Therefore, 
the interblock difference x D I F ( N ,  m) in the time domain is 
calculated for the mth subblock as: 

I N  
xD~F(N. m> = - { x N ( j ,  m> - x N ( j ,  m - I)}* (1) 

where xN ( j ,  m) is the normalized jth time-domain sample 
in the mth subblock of block size N .  The normalization is 
achieved independently according to the variance in each 
subblock. The parameter m ranges from 1 to the number 
of subblocks M,,, in a unit block. 

From among multiple interblock difference values over 
an entire unit block, the maximum value described by: 

N ~ = I  

x m a x ( N )  = max { x D ~ N ,  m)lm = 1 ,  2, * 9 M m a x }  (2) 

is detected. (1) and (2) are repeatedly evaluated for all the 
candidate block sizes from the smallest subblock size N,,, 
to the largest subblock size N,,,, increasing N by a factor 
of 2 for example. The block size N giving the smallest 
x,,,(N) is chosen as the block size. Thus, this algorithm 
selects the block size for which the changes in  the spec- 
trum are the smallest. 

To detect an attack with a higher permeability, the in- 
terblock difference ratio CR(m) of the mth and ( m  + 1)th 
subblock of the smallest block size N,,, is used for this 
purpose. CR(m) is defined by: 

CR(m> = XDIF(Nmin, + 1)/XDIF(Nmin, m). (3) 

If there is any m whose CR(m) or 1 / C R ( m )  exceeds a pre- 
determined threshold CTh, the smallest block size Nmln is 
selected independently from the evaluation results of the 
spectrum change. The threshold C,, is determined as 26 
by experiments. 

C. Window Condition for Adaptive Block Size MDCT 
To reduce block boundary noise without decreasing the 

performance of transform coding, MDCT based on time- 

I256 I256 I256 I256 I 512 I 512 I I 024 I 
UNlT BLOCK UNIT B U X K  UNIT BLOCK 

F i g .  4 .  Block size combination. 

domain aliasing cancellation [ 121 is employed. The defi- 
nition of MDCT for the block size N is given by the fol- 
lowing equations. 

N -  I 

X(k)  = x ( n )  h(n) 
n = O  

4 N / 2 -  I 

y ( n )  = - * h(n) - N X(k)  
k = O  

* cos r$ . (k + i) (n + no)] (4b) 

1, n = 0,  1 ,  - * , N - 1 ,  
N 

' 2  
k = 0 , 1 ,  e . .  - -  

N I  
n o = - + -  

4 2  

(4c) 

where X ( k )  is the transformed coefficient, 2 ( n )  is the re- 
constructed signal, y ( n )  is the inverse transformed time 
domain sample, y ' (n)  is the inverse transformed sample 
in the previous block, and h(n)  is a window function. 

When the symmetry for window function h(n) is as- 
sumed, the condition for a window function h(n)  is: 

h(i)h(i)  + h(i + N/2)h(i + N/2) = 1 .  (5)  

This condition indicates that the analysis/synthesis win- 
dow for MDCT is 50% overlapped. In the analysis filter, 
every input sample is transformed twice using the 50% 
overlap window. However, the following symmetry at the 
coefficients X ( k )  is derived from (4a), when N is quadru- 
ple: 

X(k)  = -X(N - 1 - k ) .  (6) 
Therefore, only half of the coefficients should be trans- 
mitted. Thus, there is no reduction in the transform cod- 
ing performance due to the fact that the overlapped por- 
tion is transformed twice. 

In order to realize perfect reconstruction using block- 
size adaptation with MDCT, special attention must be paid 
to the design of the overlapping window shape. The con- 
ditions for MDCT windows of different block sizes have 
been studied in detail in [ 151. As the window shape should 
be decided depending only on the current block size for 
simple implementation, a possible window function hN ( n )  

m -  
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h d n )  = { 

for the block size N is given by the following equations: 

cos 

1 

i 

n = - N + L ; . * , N -  1 ,  i a  
1 1 
4 4 

n = - N - L ,  - * 

(n 

, - N + L - 1 ,  

(n  - : . / 4  + L) 

1 3 
4 4 

n = - N  + L ,  e . .  , - N -  L -  1 ,  

(7) 
for the half of the substantial overlapped 

length for the shoulder part defined by cosine funciibn. 
The shoulder shape is the same for all the window sizes. 
The other parts are 0 or 1 .  The window functions defined 
by (7) are shown in Fig. 5 for N = 256 ,  512 ,  1024, L = 
6 4 .  

As the shape for each block size is unique independent 
of the adjacent block size, the transform can be accom- 
plished without waiting for the decision to be made re- 
garding the next block size. This leads to a short coding 
delay and easy hardware implementation. 

D .  Fast MDCT Calculation 
The forward MDCT definition is shown in (4a). The 

cosine function in (4a) can be broken down into data shift, 
preprocessing, fast Fourier transform (FFT), and postpro- 
cessing, using the cosine function symmetry. A fast 
MDCT calculation algorithm is summarized as follows 
[16 l .  

I )  Window f o r  Transform: Multiply the input signals 
by the window function. 

xh(n) = x(n)h(n) ,  n = 0 . . N - 1 (8) 
where N stands for the current block size. 

2 )  Data Shift: 

x2(n) = -xh(n + 3 N / 4 ) ,  n = 0 . . N / 4  - 1, 

(9a) 
x2(n) = xh(n - N / 4 ) ,  n = N / 4  e . .  N - 1. 

(9b) 
3) Diferential Calculation: Calculate differences for 

N / 2  samples. 

x3(n) = x2(2n) - x2(N - 1 - 2n), 

n = 0 e - .  N / 2  - 1. (10) 

L 

N/ 4 

n 
(C) 

Fig. 5 .  Window functions for adaptive block size MDCT. (a) N = 1024, 
L = 64. (b) N = 512, L = 64. (c) N = 256, L = 64. 

4) Preprocessing: Multiply coefficients for FFT. 

x4(n) = x3(n) exp ( - 2 n j n / N ) ,  

n = 0 e - .  N / 2  - 1 .  

5) FFT: N / 2  Point FFT: 
N / 2 -  I 

xf (k)  = c x4(n) exp { - 2 r j k n / ( N / 2 ) } ,  
n = O  

k = 0,  * e  * N / 2  - 1 .  (12)  

6) Postprocessing: Multiply coefficients; take real 
parts. 

X(k) = real {exp ( - n j ( k  + 1 / 2 ) / N ) x f ( k ) } ,  

k = O . . . N / 2 -  1 .  (13)  

Using this fast calculation algorithm, the number of mul- 
tiplications can be reduced from N 2  to ( N / 2 )  log2 ( N / 2 ) .  
The number of additions can be reduced from N(N - 1) 
to N log2 ( N / 2 ) .  

The fast calculation algorithm for the inverse MDCT is 
described in [ 161. 

E. Weighted Bit Allocation 
Conventional ATC obtains good coding quality with 

source signals having most of their power concentrated at 
lower frequencies, such as a piano or an orchestra. How- 
ever, when the input signals have a widely spread spec- 
trum the bits are assigned to the wide spectrum range and 
the transform coding performance is decreased [ 6 ] .  To 
prevent this quality degradation, weighted bit allocation 
is used. 

Fig. 6 shows the effects of the weighted bit assignment 
with cabasa as a source. Fig. 6(a), (b), (c), and (d) illus- 
trate MDCT coefficients, the assigned number of bits 
without weighting, a weighting function, and the assigned 
number of bits with weighting, respectively. The weights 
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Fig. 6 .  Effects of the bit assignment with a psychoacoustic weighting (ca- 
basa). (a) Transformed coefficients. (b) Bit assignment without psychoa- 
coustic weighting. (c) A weighting function example. (d) Bit assignment 
with psychoacoustic weighting. 

are defined based on simultaneous psychoacoustic char- 
acteristics, so that they are large for the lower frequency 
coefficients and small for the higher frequency ones. In 
this CODEC, the same function as the threshold of audi- 
bility (absolute threshold [ 171) is employed as the weight- 
ing. In comparison between Fig. 6(b) and (d), bits for the 
higher frequency range are devoted to the lower frequency 
range to improve the lowband quality, which is psycho- 
acoustically more important than that of the highband. 

This modification, however, reduces the bandwidth of 
the decoded signals like a lowpass filter. Accordingly, the 
weighting is applied only to signals with a wide spectrum. 
The variance over the transformed spectrum is used as the 
measure of spectrum distribution. A small variance indi- 
cates that the spectrum is wide and nearly flat. When the 
variance is below the predetermined threshold, weighting 
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I/O:INPUT/OUTPUT CONTROLLER 
TC :TIMING CONTROLLER 

Fig. 7 .  Multiprocessor system configuration for the codec. 

is applied to the bit assignment. Otherwise, no modifica- 
tion is made to the bit assignment. 

IV . HARDWARE IMPLEMENTATION 
The proposed CODEC has been realized for evaluation 

of a variety of source signals and efficient optimization of 
parameters for the coding algorithm. The CODEC, based 
on a multiprocessor system configuration as shown in Fig. 
7, is composed of an interface (IF) board and four DSP 
boards per channel for coding and decoding. The IF board 
is used for an optical and coaxial DAT digital audio in- 
terface. The board is synchronized to the digital input au- 
dio signal at a rate of 32-48 kHz and generates the DSP 
synchronization signal and the 128 kb/s  clock used for 
the encoded bit stream. The board also converts the serial 
signal for DSP’s to the digital audio signal, and vice versa. 

To achieve the same high-accuracy calculation as com- 
puter simulations, a 32-bit floating-point DSP, NEC’s 
pPD77230 [18], is employed. The capability of floating- 
point operations eliminates operation steps for scaling, 
overflow detection, and corrections. An 8k word (32 bit) 
high-speed memory is prepared on the board as external 
memory, which is connected to the 32-bit high-speed 
VME bus for communication between the boards. 

Taking into account the number of operations and func- 
tional assignment, the coding and decoding algorithms are 
divided into MDCT, quantization (QNT), inverse quan- 
tization and inverse MDCT, and loaded into every DSP 
board. Between the boards for MDCT and QNT and the 
boards for inverse quantization and inverse MDCT, 512 
transformed coefficients for an unit block and informa- 
tion about the selected block size are conveyed via the 
VME bus. The DSP’s and controllers for bus output tim- 
ing and addressing are synchronized to a reference clock 
supplied from the IF board. 
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Fig. 8. Front view of the codec and a DSP board 

TABLE 1 
SUBJECTIVE EVALUATION TEST RESULTS (MOS) 

Source ATC-ABSM ATC-DCT S-ADPCM 

Cabasa 4.0 3.6 2.1 3.8 
Castanets 4.2 4.0 3.0 4.0 

Orchestra 3.8 3.5 3.0 3.6 
Piano 4.5 4.5 4.1 4.0 

Female Voice 4.4 4.4 4.3 4.4 

TABLE I1 
AVERAGED SNR FOR ATC-ABSM, ATC-DCT, A N D  S-ADPCM 

ATC-ABSM ATC-DCT S-ADPCM 

Fig. 8 depicts a front view of the CODEC and a DSP 
board. 

V. SUBJECTIVE AND OBJECTIVE TEST RESULTS 
Subjective and objective tests for ATC with adaptive 

block size MDCT (ATC-ABSM) have been carried out 
based on the hardware developed. The test signals include 
the sounds from castanets, a cabasa, a piano, a female 
voice, and a full orchestra. The sources of these signals 
are compact discs and the sampling frequency was digi- 
tally converted from 44.1 to 48 kHz. 

For performance comparison, ATC with DCT (ATC- 
DCT) and subband ADPCM (SB-ADPCM) were also 
evaluated. The coding bit rates for those algorithms were 
all set at 128 kb/s  for a monophonic signal. The block 
size N for ATC-ABSM was selected from among 256, 
512, and 1024, while that of ATC-DCT was fixed at 512. 
The coding algorithm for SB-ADPCM was the one de- 
scribed in CCITT Recommendation G.722 [ 191, which is 
the only standard for efficient audio coding. The band- 
width for audio signals for SB-ADPCM was limited to 15 
kHz and the sampling rate was converted to 32 kHz. 

Table I shows subjective evaluation test results with the 
mean opinion scores (MOS) [6] with loud speakers in a 
listening room. Source and reconstructed signals were 
evaluated at random sequences by 20 listeners based on a 
1-5 integer point scale. The best is 5 points and the worst 
is 1 point. 

ATC-ABSM shows better coding quality than ATC- 
DCT for all kinds of signals. Higher scores for castanets 
and a piano indicate the coding quality improvement by 
pre-echo suppression and block boundary noise reduction 
owing to the adaptive-block-size MDCT. The effects of 
weighted bit assignment are confirmed by a higher score 
by 1.5 points for a cabasa sound. In comparison of ATC- 
ABSM with SB-ADPCM, their coding quality is almost 
equivalent. However, quality degradation was perceived 
for a piano with SB-ADPCM due to the band limitation. 
As the scores of ATC-ABSM are almost the same as those 
of the original signals, for all the sources, the coding 
quality of ATC-ABSM is comparable to that of the orig- 
inal signals. 

To objectively estimate the coding quality, computer 

~~ 

Cabasa 10.5 11.0 9.5 
Castanets 23.2 23.6 23.4 
Female Voice 30.5 31.5 27.4 
Orchestra 37.7 37.5 41.7 
Piano 38.7 38.9 42.1 

simulation was carried out. Table I1 shows the averaged 
segmental SNR. Individual segmental SNR values were 
calculated every 256 samples. The results show that the 
SNR’s for ATC-ABSM are about 0.5 dB smaller than 
those for ATC-DCT. This is because a smaller block size 
was selected in some periods to reduce pre-echoes and 
improve the subjective coding quality. In the comparison 
between ATC-ABSM and SB-ADPCM, ATC-ABSM 
achieved a higher SNR for a cabasa and a female voice, 
in spite of the fact that ATC-ABSM encodes wider band- 
width signals. This indicates that the coding efficiency of 
ATC-ABSM is superior to that for SB-ADPCM. 

VI. CONCLUSION 
A 128 kb/s hi-fi audio CODEC with an improved ATC 

algorithm has been developed. The CODEC employs an 
adaptive block size MDCT which is equipped with a 
newly designed overlapped window set. The MDCT cal- 
culation is accomplished by a fast computation algorithm. 
The CODEC also features a weighted bit assignment al- 
gorithm based on psychoacoustic characteristics. The 
hardware is realized by a multiprocessor system com- 
posed of DSP boards. Subjective tests have proved that 
the developed CODEC achieves high coding quality with 
pre-echo and block boundary noise suppression. The 
quality degradation for flat and widely distributed spec- 
trum signals is also reduced. The primary version of the 
CODEC was evaluated by ISO/MPEG. This CODEC al- 
lows high-quality audio recording and transmission over 
low bit rate channels. 
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