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Signal Modification for ADPCM Based
on Analysis-by-Synthesis Framework

Jong Won Shin, Student Member, IEEE, and Nam Soo Kim, Member, IEEE

Abstract—In this letter, we propose a novel approach to improve
the performance of the adaptive differential pulse code modulation
(ADPCM) codec by modifying the input signal under the analysis-
by-synthesis framework. Modification of the input signal is per-
formed such that the ADPCM codec causes less quantization error.
When applied to the ITU-T G.726 ADPCM coder, the proposed
algorithm improves the output signal-to-noise ratio up to 2.39 dB.

Index Terms—Adaptive differential pulse code modulation
(ADPCM), analysis by synthesis, signal modification, speech
codecs.

I. INTRODUCTION

ADAPTIVE differential pulse code modulation(ADPCM)
is widely used in a variety of audio signal compression

systems, including personal communication systems and simple
playback systems embedded in toys and consumer appliances,
to name a few. It is a rather simple algorithm and can provide
a good sound quality for general audio signals. One of the pop-
ular ADPCM coders is the ITU-T Recommendation G.726 [1],
which operates at 40, 32, 24, and 16 kbit/s for the input sampled
at 8 kHz and quantized to 12 bits per sample.

The analysis-by-synthesis approach is shown to be very effec-
tive in many low bit-rate speech coding algorithms, especially in
code excited linear prediction (CELP)-type coders [2]. Codecs
employing the analysis-by-synthesis scheme utilize the decoder
information to encode the input signal by directly minimizing
the difference between the original and reconstructed signals.
These coders are considered robust to a variety of input signals
due to their waveform matching properties [3].

In a previous study, Chu and Chan [4] proposed an ADPCM
encoder incorporating the analysis-by-synthesis technique.
They modified the structure of a subband ADPCM encoder
such that the relevant data are quantized according to the anal-
ysis-by-synthesis scheme with the use of a trained codebook.

In this letter, we propose an input modification algorithm
based on the analysis-by-synthesis framework to be applied as
a preprocessor for the ADPCM coders. This approach does not
require any modification to the encoder and decoder, and it can
be easily applied to a variety of ADPCM coders. Experimental
results show that this input modification technique can enhance
the performances of ITU-T Recommendation G.726 ADPCM
coder up to 2.39 dB in signal-to-noise ratio (SNR).
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Fig. 1. Overall block diagram of the proposed system.

II. INPUT MODIFICATION BASED ON ANALYSIS BY SYNTHESIS

The overall block diagram of the proposed approach is shown
in Fig. 1. According to the analysis-by-synthesis framework, the
input signal is modified to minimize the error between the orig-
inal input signal and the signal reconstructed by the ADPCM
codec after signal modification. It is noted that the output of
this system is the modified input signal that can be applied to
the ADPCM coders as an improved input data. For that reason,
the ADPCM encoder and decoder subblocks in Fig. 1 should
match the target ADPCM codec to which the input signal is ap-
plied. Even though the proposed method is designed for input
signal modification, it can be easily extended to devise a new
ADPCM encoder that does not require any modification to the
conventional ADPCM decoder.

In ADPCM, modification of the current input sample affects
not only the current coded value but also the future encoding
results [1]. This comes from the inherent prediction and adap-
tation operations performed in the ADPCM algorithm. There-
fore, modification of the current input sample should be done to
minimize both the current and future encoding errors simulta-
neously. Let be the original input signal at time , be
the signal reconstructed at the ADPCM decoder subblock, and

be the length of the error computing block. Then, the error
measure is defined in the frequency domain as follows:

(1)

or

(2)

where is a predetermined positive number, and are
the -point discrete Fourier transform coefficients of
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and
, respectively, and is an appropriate

frequency domain weighting function. For example, may
play the role of the perceptual weighting filter [5] built upon the
information obtained through linear predictive analysis. Even
though the frequency domain error criteria are considered more
suitable to implement the human auditory perceptual character-
istics, a huge amount of computation is usually indispensable.
As an alternative, we apply a time domain error given by

(3)

where is an appropriate time domain weighting function.
For instance, can be a promising function that
represents the exponential decay of the effect of the current input
modification on the future outputs. Since the prediction filter
used in ADPCM usually has an infinite impulse response,
should be determined long enough to account for the effective
length of the error propagation.

For preprocessing the input signal, we can modify either a
single sample or a block of data at a time. Although the joint opti-
mization based on a block of samples may produce better results,
the search space expands exponentially, which makes the prac-
tical implementation of the approach more difficult. In this letter,
we present a method to modify a sample at a time. The optimal
value for the modified sample is sought in a one-dimensional
search space that can be easily constructed without any explicit
training procedure. The modification of the current input sample
is performed in two ways. One is a grid search around the original
input sample value such that the search space is defined as

(4)

where is a candidate for the modified input signal. Here,
it is noted that and are PCM data described in a fi-
nite precision. The error given by (1), (2), or (3) is computed
for each within the search space, and the one that pro-
duces the minimal error replaces as the modified sample.
Searching for an optimal sample value requires a computational
complexity of .

In contrast to this full search method, the second approach is
a computationally efficient one that continuously subdivides the
search space at each stage. The basic idea of this approach is sim-
ilar to the tree-structured vector quantizer (VQ), where instead of
searching all the codewords, only a small number of reference
vectors are compared at each node. The structure of this input
modification algorithm resembles that of a VQ in that given an
input vector, the proposed approach also selects the most similar
one, where the error is computed between the original input and
the candidate signal processed by ADPCM codec. In this pro-
posed approach in which the search space is described in terms
of a binary tree structure, the computational complexity reduces
to . The overall flowgraph for this tree search algo-
rithm is shown in Fig. 2. Let the variables center, lower, upper,
and range denote the center of the search space, the center of the
lower half of the search space, the center of the upper half of the
search space, and the half of the width of the search space, re-
spectively. Also let the variables , , and denote the error

Fig. 2. Overall flowgraph of the tree search.

when the current input value is located at center, lower, and
upper, respectively. Initially, center is located at the current input
value , and range is set to , which corresponds to the range
in (4), and is calculated. At each stage, we locate lower and
upper and compute corresponding and , and range is re-
duced by half. If ( ) is smallest among , , and , we elim-
inate the upper (lower) half of the search space, and lower and

(upper and ) become new center and . This search proce-
dure continues until becomes smallest among , , and ,
or range becomes 1, i.e., we arrive at a leaf node of the tree.

III. EXPERIMENTAL RESULTS

For performance evaluation, we applied the proposed ap-
proach to the ITU-T Recommendation G.726 ADPCM coder.
The performance was measured in terms of the SNR, where
the term “noise” here means the quantization error between the
original input signal and the signal reconstructed at the ADPCM
decoder. The test materials consisted of eight 57-s-long speech
data spoken by four male and four female speakers and five
music clips, each of which was 40 s long. The input signal
was sampled at 8 kHz and quantized to 12 bits per sample.
The parameters used in the experiments were and

, which were considered as a compromise between
the performance and the complexity. As for the error function,
we used the conventional Euclidean distance, i.e., and

for in (1) or and for
in (3), and a time domain exponentially weighted

Euclidean distance, which means and in
(3). Table I summarizes the results of the proposed algorithm
when applied to the speech and the music signals for each
bit-rate condition. The proposed input preprocessing algorithm
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TABLE I
AVERAGE SNRS AND SNR IMPROVEMENTS IN dB SCALE FOR THE SPEECH AND THE MUSIC SIGNAL

FOR EACH BIT RATE AND FOR THE GRID SEARCH AND THE TREE SEARCH

with the tree search method and the exponential weighting
function could improve the SNR up to 2.39 dB. The results
obtained with the tree search approach were a little bit worse
than those with the grid search technique, but the performance
drop was not severe, which means that the assumption that the
error function is smoothly varying over the search space does
not cause a crucial mismatch. For some cases, the performance
of the proposed algorithm using the tree search was shown to
be better than the performance of the algorithm with the grid
search method. This phenomenon is not surprising because the
error measure with finite and the modification without
regard to the change of future input samples do not always
make the grid search better than the tree search. From the result,
we can see that the SNR improvements achieved with higher
bit rates are usually greater than those with lower bit rates.
This phenomenon is due to the sparse codeword population
in lower bit-rate cases. However, the results do not show a
consistent improvement as the bit rate increases. One of the
reasons can be considered the suboptimal search strategy,
which may sometimes mislead the modification procedure. For
the time domain weighting function, adopting exponentially
decaying weighting function improved the performance of the
modification algorithm.

IV. CONCLUSION

The input modification algorithm for ADPCM coders that
incorporates the analysis-by-synthesis approach is proposed.
Modification is done sample by sample, considering the effect
of current modification on the future outputs. Experimental
results have shown that this preprocessing algorithm applied to
the ITU-T Recommendation G.726 can improve the SNR by
up to 2.39 dB. Further improvement of our approach will be
possible by adopting a more accurate perceptually motivated
error measure.
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