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요 약

이 논문에서는 f requency-weighted MSE 률 최소화하는 적응 pre-filter 와 pos t-f i 1 ter < 음성파형 부 

호화기에 적용했을 때의 성능을 분석한다 먼저 여러 다양한 pre-f i 1 ter s}- p《>$t~filter 에 의한 noise shap- 
ing 효과를 이론적으로 보여준다. 그리고 frequency-weighted SNR척도를 사용하여 적응 pre-f i 1 ter s]-post 
filter 에 의한 성능면에서의 이득을 이론적으로 유도한다 적응 pre-filter 와 post- filtei■를 ADM과 

ADPCM부호화기에 적용해본 결과에 의하면 음성파형 부호하기의 성능을 FWSNRseg 척도로 약 3dB 정도 개선 

할 수 있음을 알수 있다. 또한 pre-filter 와 pgt—filter 를 사용하면 청각적으로 중요한 영향을 미치는 1 
皿에서 3나0 사이의 양자화 잡음을 효율적으로 줄일 수 있다.

ABSTRACT

In this paper, the performance of adaptive pre- and post-filters that minimize the frequency- 
weighted mean-squared error is analyzed when they are used in a speech waveform coder. The noise 
shaping effect by various pre- and post-filters is shown. Then, the frequency-weighted signal-to- 
quantization noise ratio (FWSNR) gain due to adaptive pre- and post-filtering is derived analytically. 
Also, computer simulation results for adaptive differential pulse code modulation (ADPCM) and 
adaptive delta modulation (ADM) are presented. According to the results, the performance can be 
improved by about 3 dB in segmented frequency-weighted signal-to-noise ratio (FWSNRggg). In 
addition, it is shown that the quantization noise in the perceptually important frequency region of 
1 to 3 kHz can be reduced by using the pre- and post-filters.

I. INTRODUCTION

It has long been recognized that the per
ceptual effect of noise varies with its frequency 
spectrum. Since the human auditory system 
acts like a frequency-selective filter bank, the
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human perception of noise is frequency variant 
[1 ]. However, most of waveform coders have 
been designed to minimize the unweighted 
mean-squared error between the system input 
and output. In other words, conventional wave
form coders have not been designed to minimize 
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the perceptual effects of noise. Recent experi
mental results show that the subjective loudness 
of quantization noise can be reduced by noise 
spectral shaping ⑵，[3].

The spectral shaping of quantization noise 
may be divided into two methods. One method 
is the pre- and post-filtering approach to im
prove the subjective quality of speech. This 
method was used to improve the quality of pulse 
code modulation (PCM) and differential PCM 
(DPCM) [4]. According to the previous results, 
significant improvement in subjective per

formance could be achieved for PCM when an 
optimum mean-square filter was used. However, 
no significant improvement could be made for 
DPCM. Also, the preemphasis and deemphasis 
scheme that may be regarded as a simplified ver
sion of pre- and post-filtering has been used 
successfully in linear predictive coding (LPC) 
[5], The other method is the noise feedback 
coding (NFC) scheme proposed by Noll [6]. 
This scheme is based on the idea of Cutler [7]. 
The use of noise feedback circuit was first 
attempted to reduce the quantization noise of 
speech coder [8]. So far, noise spectral shaping 
has been done to improve the subjective quali
ties of adaptive predictive coder (APC) [9] and 
adaptive DPCM (ADPCM) [ 10]. For adpative 
delta modulation (ADM) systems, noise shaping 
has been applied to reduce the quantization 
noise power in the baseband [11].

In this study, a simple pre- and post-filtering 
scheme that minimizes the mean-squared error 
or frequency-weighted mean-squared error 
(FWMSE) is applied to waveform coders such as 
ADPCM and ADM to improve the subjective 

quality of speech, and the gain resulting from 
the use of pre- and post-filtering is analyzed. 
For a frequency-weighted objective measure, we 
use a C-message weighting function, which em
phasizes high frequency noise i•이ative to low 

frequency noise [12].
Following this introduction, noise shaping 

is shown and discussed for different versions of 
the pre- and post-filters in Section II. In Section 
III, the performance gain due to adaptive pre- 
and post-filtering to minimize frequency- 
weighted MSE is analyzed for real speech. In 
Section IV, computer simulation results for 
ADPCM and ADM are presented. Finally, con
clusions are made in Section V.

H. SPECTRAL SHAPING OF 
QUANTIZATION NOISE

The basic structure of an ADPCM system 
with pre- and post-filters (ADPCM-PPF) is 
shown in Fig. 1. Without the pre- and post
filters the system is the same as the ADPCM 
proposed by Cummiskey et al. [13]. When 
there exist no channel errors, the z-transform of 
the receiver output signal s(t) of the ADPCM- 
PPF is given by

&(z) = l 쯔의/DU), ⑴

Fig. 1. Block diagram of ADPCM-PPF.
(a) Transmitter (b) Receiver
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where F(z) and D(z) are the z-domain represen
tations of the prediction and post-filters, respec
tively. Also, the z-transform of the quantizer 
output f(t) is given by

R(z) - R(z) + Q(z), (2)

where R(z) and Q(z) are the z-transforms of the 
quantizer input and the quantization noise, 
respectively. Hence, the input to the quantizer 
is expressed as

R(z) - S(z)P(z) -「프음？kF(z), (3)

where P(z) and S(z) are the z-domain representa
tions of the pre-filter and the input signal, re
spectively. Combining (1), (2) and (3), we have 
the output signal

S(z) - S(z) + D(z)Q(z). (4)

Consequently, we can see from (4) that quanti
zation noise Q(z) can be shaped by the pre- and 
post-filters.

To obtain a reduced structure of the 
ADPCM-PPF, we note that 아le output speech 
is given by (4). At the receiver, the output 
signal for the ADPCM-PPF system can be shown 
to be

沁) » 湾을%y • ⑸

Using (2), (4) and (5), we obtain the input to 
the quantizer as

R(z) - S(z) - S(z)F(z) +
(6) 

(D(z) - l}Q(z).

The structure of the resulting ADPCM-PPF is 
shown in Fig. 2.

Another modified scheme of the ADPCM- 
PPF is shown in Fig. 3. If there are no channel

Fig. 2. Block diagram of a simplified ADPC너-PPF 
transmitter.

Fig. 3. Block diagram of a modified ADPCM-PPF 
transmitter.

errors, the output signal of the ADPCM-PPF is 
expressed as (5), and the input to the quantizer 
is given by

R (z) = (S(z) -「臨；F(z)}P(z), (7) p 1 -

where Rp(z) is the z-transform of pre-filtered 
residual signal rp(t). Also, the quantization 
noise Q(z) is expressed as

Q(z) =- R (z) - R (z), (8)
P P

and R(z) is given by

R(z) * Rp(z)・D(z)• (9)

Using (5), (7), (8) and (9), we obtain

沁)■ S(z) + 醫 (10)

We can note that (10) corresponds to (4) since
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As for ADM, the basic structure of an ADM 
system with pre- and post-filters (ADM-PPF) 
is the same as that shown in Fig. 1 with the 
ADPCM replaced by an ADM coder. For ADM, 
we use continuously variable slope delta modula
tion (CVSD) in our study [ 14]. As in the 
ADPCM, the noise shaping effect of quantiza
tion noise by using the pre- and post-filters in 
ADM is such that the quantization noise in the 
perceptually important frequency region of 1 
to 3 kHz can be reduced.

IH. PERFORMANCE OF A WAVEFORM 
QUANTIZER WITH FWMSE AS A 

CRITERION

Let the input signal s(t) be a stationary pro
cess with spectral density S(f) and bandlimited 
to B Hz. Here, we wish to determine the trans
fer functions of the pre-filter P(f) and the post
filter D(f) that minimize 아le FWMSE.

We assume that P(f) is normalized such that 
the 죠verage output power with input s(t) is 
unity. This power constraint is expressed as

fB 2
s(f)df h i. (11) 

丿0

Also, we assume that the post-filter D(f) is 
inversely proportional to the pre-filter P(f) in 
reconstructing the original signal. This is,

D(f)n p(f)• (12)

Previously, optimum preemphasis and de
emphasis filters that minimize the me an-squared 

error (MSE) was investigated [ 15]. In this 
work, we consider optimum pre- and post
filters that minimize the FWMSE in speech 
waveform coding. A waveform quantizer with 
pre- and post-filters under consideration is 
shown in Fig. 4(a). In general, the quantization 
noise of a waveform coder can be represented 
approximately by an additive white noise model 
[ 16]. This is 아in Fig. 4(b).

S(t) ■ ' ■ P(f)—

PRE-FILTER

WAVEFORM 
CODER

POST-ALTER

«t)

Then, the FWMSE may be written as

7----- u 2
《(I) 스 ] NW(f) |D(f) I4 df (13)

where N is the spectral density of quantization 
noise and W(f) is a frequency weighting func
tion. From (11), (12) and (13), and using an 
undetermined multiplier a, we have

d 
apff)

1
NW(f)——:一一xdf +

Jo |p(f)|2

a [ |p(f)|2S(f)df} = 0 
j0

(14)

Then, from (11) and (14), the optimum P(f) 
that yi이ds the minimum error e^(t)min is 
given by

QUANTIZER 
NOISE

心）

Fig. 4. (a) A waveform coder with pre- and post
filters (b) Corresponding model.

W(f) 
*S(f) (15)

where

k 으 —b([ W(f)板S(f)df}2
J0

|P(f)|4 -

1
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Eq. (15) shows that the pre-filter minimizing the 
FWMSE must be designed such that its transfer 
function is proportional to the fourth root of 
the frequency weighting function used, but 
inversely proportional to the fourth root of the 
spectral amplitude of input speech.

We note that the FWSNR of a conventional 
waveform coder without the pre- and post
filters can be written as

, [Bs(f)df

Jn
FRSNR - 10 log ------------- .

with°Ut PPF [ NW(f)df
丿0

(16)

As for a waveform coder with the pre- and post
filters, the FWSNR is given by

FBSNR »
with PPF

fB s(f)df

10 log—-------------------- . (17)
■ NW(f)|D(f)iI 2df

I w(f)|D(f)I2df 
Jo

One can note from (12), (15) and (18) that 
in order to have a performance gain (i.e.,r? > 0) 
the post-filter must be designed such that the 
spectral magnitude of |D(f기흐 is less than 1 for 
the frequency range of 0 to B Hz. If we use as

J0

From (16) and (17), we see that the use of 
frequency-weighted pre- and post-filters yields 
a performance improvement in FWSNR equal to

fB
W(f)df

J n
n - 10 log ---------------------------dB・(18) 

a model of real speech the first-order Gauss- 
Markov process with correlation p and its 
spectrum given by

s(f) - -------------- ------------5， (19)
1 - 2p cos 2irf +p

and specify a weighting function (e.g., the C- 
message weighting function), we can compute 
approximately the performance gain resulting 
from the use of pre- and post-filters by using 
(12),(15) and(18).

IV. COMPUTER SIMULATION 
RESULTS

In our simulation, we used for noise spectral 
shaping the pre- and postfilters that minimize 
MSE or FWMSE. Unlike the conventional noise 
shaping filter which is in general complex, the 
pre- and post-filters shown in Fig. 5 are relative
ly simple. They were used in ADPCM and ADM 
to improve the subjective quality. In general,

FREQUENCY (Hz)
(a)

Fig. 5. Frequency responses of (a) pre- and (b) post
filters.



38 赖験音響學■誌4巻3號

the pre- and post-filters minimizing MSE are re
alized as simple preemphasis and deemphasis 
filters that are designed based on the spectral 
envelope of speech. On the other hand, the pre- 
and post-filters minimizing the FWMSE are 
based on the spectral envelope of speech and 
also on a frequency weighting funding used as 
discussed in Section III.

It is known that the segmental frequency- 
weighted SNR(FWSNRseg)gives best correla
tion with the subjective quality of a speech 
waveform coder [ 17],[ 18]. In this work, we 
used the C-message weighting function to obtain 
the frequency-weighted noise power. The seg
mental FWSNR which we used as a performance 
criterion is defined as

FWSNR_„(dB) « 甘
N
Z log7n(l + FWSNR.)

i«l 10 고

(20)
where

FWSNR =»

N73
k

2
Nr
M

N is the number of frames of input speech, and 
M is the number of frequency components in 
one frame. The procedure for obtaining the 
FWSNR is 아lown in Fig. 6. In this figure, g is 

Fig. 6. Procedure for computing frequency-weighted 
quantization noise.

the 8-th input speech sample of the k-th block 
and &k 2 is its reproduction. The error sequence 
{g j is the difference of the sequences (s^ p | 
and } Here Sk,£(D is the spectral-weighte3 
magnitude of Q-th frequency component in the 
k-th input signal block and E^g(f) is the 

spectral-weighted magnitude of the £-th frequ
ency component in the k-th error signal block.

Simulations of the waveform coders (ADPCM 
and ADM) were performed with real speech 
signals bandlimited to 3.4 kHz and sampled at 
8 and 16 kHz. The waveform coders under 
study were simulated with a step size range of 
60 dB and the input signal level varied over a 
range of 80 dB.

The performance of ADPCM is shown in 
Fig. 7. This figure 아lows the FWSNR$eg 

ADPCM with and without the pre- and post
filters. It is seen that, when we use the pre- and 
post-filters in the ADPCM with the J ay ant's 
quantizer [13] and a fixed one-tap predictor, 
the performance can be improved by about 3 
dB. Also, it is noted that the performance re
sulting from the use of the pre- and post-filters 
that minimize the FWMSE is superior to that 
resulting from the use of pre- emphasis and de- 
20

2  

【흐

SNS 굿

tor2 io-1 i io too

Fig. 7. FWSNRseg °f ADPCM with a 1-tap fixed 
predictor vs. input signal level (b=2).
(a) With pre- and post-filtering
(b) With preemphasis and deemphasis
(c) Without preprocessing
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emphasis filters minimizing the MSE. In addi
tion, Figs. 8 and 9 show noise spectral shaping 
by the pre- and post-filters for ADPCM with and 
without adaptive prediction, respectively. We

05 t 1.5 2 2-5 3 3 5 4
FREOUENCV (kHz)

Fig. 8. Spectral envelopes of input speech and output 
quantization noise with and without noise 
spectral shaping for ADPCM with a 1-tap 
fixed predictor (b드2).
(a) Original speech
(b) Output quantization noise
(c) Output quantization noise shaped by pre

emphasis and deemphasis filters.
(d) Output quantization noise shaped by pre- 

and post-filters.

0-5 t 1.5 2 25 3 3.S 4
FReOUENCY(kHi)

Fig. 9. Spectral envelopes of input speech and output 
quantization noise with and without noise 
spectral shaping for ADPCM with adaptive 
predictor.
(a) Original speech
(b) Output quantization noise
(c) Output quantization noise shaped by pre

emphasis and deemphasis filters.
(d) Output quantization noise shaped by pre- 

and post-filters. 

can note from these figures that the quantiza
tion noise in the frequency range of 0.5 to 3 
kHz is reduced as a result of noise spectral 
shaping by the pre- and post-filters.

As for ADM, a peak performance gain of 
about 2 to 3 dB in FWSNR$eg co니d be ob
tained. The result is shown in Fig. 10. The 
performance gain resulting from the use of pre- 
and post-filtering becomes larger when the input 
signal level is lower. The reason may be due to 
the fact that noise spectral shaping is effective in 
the granular noise region. Fig. 11 shows the 
spectra of the original speech and quantization 
noise of CVSD and CVSD-PPF at the rate of 
16kbits/s.The effectiveness of noise spectral sh
aping can be seen in the figure.Clearly,we can see 
that the noise in the frequency region of 1 to 3 
kHz has been reduced. We also note from Fig. 
11 that the pre- and po야-filters minimizing the 
FWMSE is more effective for real speech than 
the pre- and post-filters minimizing the MSE.

Fig. 10. FWSNRseg of CVSD vs. input signal level
(f 리 6 kHz).
(a) Without preprocessing
(b) With preemphasis and deemphasis
(c) With pre- and post-filters.

In general, quantization noise of a waveform 
coder with syllabic companding is largely gran- 
니ar when the signal level is low, Also, it is 
known that granular noise is subjectively more 
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annoying than overload noise [19]. Hence, the 
use of pre- and post-filters for noise spectral 
shaping in the granular noise region 아io니d result 
in perceptually pleasing sound.

-iol_______ ________ ________ ________ I_______ I_______ I_______ I_______ t_
1 2 3 4 5 6 7 8

FREQUENCY UHx)

Fig. 11. Spectral envelopes of input speech and output 
quantization noise with and without noise 
spectral shaping for CVSD (%그 16 kHz).
(a) Original speech
(b) Output quantization noise
(c) Output quantization noise shaped by pre

emphasis and deemphasis filters.
(d) Output quantization noise shaped by pre- 

and post-filters

V. CONCLUSIONS

The use of pre- and post-filters in waveform 
coders has been studied for improvement of the 
speech quality. The performance gain due to 
the adaptive pre-and post-filtering has been 
obtained analytically for real speech. Also, the 
noise shaping effect by various pre- and post
filters has been shown and discussed. According 
to our simulation results, when the pre- and 
post-filters are used in ADPCM with a fixed or 
adaptive predictor, the performance can be im
proved by about 3 dB in FWSNRg^g. In gener
al, the performance resulting from the use of the 
pre- and post-filters that minimize the FWMSE is 
superior to that resulting from the use of pre
emphasis and deemphasis filters minimizing the 
MSE. As for ADM, a similar performance gain 

can be achieved. The performance gain resulting 
from the use of pre-and post-filtering becomes 
larger when the input signal level is lower. In 
addition, it has been shown that the quantiza
tion noise in the perceptually important frequ
ency region of 1 to 3 kHz can be reduced when 
the pre- and post-filters are used in ADPCM and 
ADM.
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