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ABSTRACT

In 州 paper, two schemes are appHed to adaptive delta modulation (ADM) for the improvement of the speech 

quality at 16 and 32 Kbits / s transmission rate. The first method used for performance improvement is the use of 

a high-order fixed or adaptive predicition. For ADM with a high-order fixed predictor, a significant gain of about 3 

t0 4 dB in segmented signal-to-quantization noise ratio (SQNRseg) can be achieved at 32 Kbits/s, although a little 

gain can be obtained at 16 Kbits / s. Also, it has been found that ADM with an adaptive predictor has a narrower 

dynamic range because of the accumulation of quantization noise, although the peak performance can be improved 

by 2 dB in SQNRseg. The second method used for performance improvement is the use of a delayed-decision scheme. 

As a search algorithm, the block decision algorithm whose complexity is relatively small compared with other searching 

algorithms is utilized. By using the delayed-decision scheme, it has been shown that the delayed-decision ADM coder 

with a 2-tap fixed predictor yields better performance by about 3 dB m SQNRsec than the delayed-decision ADM 

with a 1-tap fixed predictor at 16 and 32 kbits/s. The reason may be due to the fact that the instability problem 

°f 母기" with high-order fixed predictor can be avoided by using the delayed-decision scheme. In addition, when the 

transmission rate of a delayed-decision ADM with a 2-tap predictor is 32 Kbits/s, a performance gain of about 5 dB 

in SQNRseg over the conventional ADM could be achieved.

요 약

본 논문에서는 16Kbps 및 32 Kbps 전송속도에서 ADM의 음질을 개선하기 위하여 두가치 방식을 적용한다.. 첫째로, 

고차 예즉기 또는 적웅 예측기를 ADM에 활용한다. ADM의 경우에 2차 또는 3차 예측기를 사용하면 16Kbps 전송속三에 

서匸 별로 개선이 없지만 32Kbps 전송 속도에서는 SQNRseg 척도로 약 3MdB희 상당한 이득이 얻어진다. 또한 ADM 

에 석응 예즉기를 활용하면 최대 성능은 SQNRseg 약 2dB 정도 재선되지만 양자화 찹음의 축적때문에 동작 범위가 매우 

吉아진다. 둘째로, 지연 결정 방식을 ADM에 이용한다’ 시연 결정 방식을 2차 예측기를 갓고 있는 ADM에 적용하면 1 

자 예족기늘 갖고있는 ADM에 적용했을때 보다 is 토_는 3가아g 전舍속도에 서 SQNRseg 척도로 약 3dB 정도 좋아진다. 

왜냐하면 지연 결정 방식을 채택함으로써 卫차 예측기를 사용하는 ADM 의 불안정성이 저)거될 수 있기 때문이다. 이밖에 

2차 예측기를 갖고 있는 ADM에 지연 결정 방식을 적용하머 전송속도가 32Kbps 일때 SQNR요g 척도로 재래의 ADM 

보다 으¥ 5 dB 정도의 성능 개선이 얻어진다.
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I. INTRODUCTION

It is well known that delta modulation is a sim

ple predictive coder that is equivalent to a 1-bit 

differential pulse code modulation (DPCM). ADM 

has been studied by many researchers for narrow 

band speech communication due to its simple 

hardware complexity and efficiency in bandwidth 

compression. Among the various ADM algorithms, 

we consider continuously variable slope delta 

modulation (CVSD)⑴ and hybrid companding delta 

modulation (HCDM)⑵.

The role of a predictor in differential coding such 

as ADM is to reduce the redundancy of input 

speech. In speech, there are two kinds of redund

ancy. One is long-term redundancy associated with 

the periodicity of voiced sound. The other is sho

rt-term redundancy introduced by the vocal tract. 

Since pitch and vocal tract vary with time, a 

low-order fixed predictor cannot reduce the redu

ndancies effectively. Another drawback of the 

low-order fixed predictor is that one must have 

a priori knowledge of input speech characteristics 

to supply the predictor coefficients.

By using a high-order or adaptive predictor, more 

exact prediction can be done, resulting in improved 

performance. Many researchers have proposed 

various adaptive algorithms. These algorithms may 

be classified into two groups : adaptive forward 

prediction (AFP) and adaptive backward prediction 

(ABP) schemes. It has been found that a coder 

with adaptive predictor performs better than the 

one with a fixed predictor•⑶⑷ Here, we consider 

the 니se of a high-order or adaptive predictor m 

an ADM system.

On the other hand, the delayed-decision scheme 

has been studied to reduce the quantization noise 

of ADM system. The delayed - decision scheme 

searches all possible sequences of inp니t signal to 

determine the values that generate the best seq

uences of decoded speech. Cutler suggested an 

ADM with the delayed-decision scheme for video 

signal coding⑸.Also, the delayed-decision scheme 

has been used in DPCM, ADM and adaptive 

predictive coding (APC) systems t6 1 <7 1 <8

If the delayed-decision scheme is used in a 

waveform coder, the performance in SQNRseg and 

the dynamic range are increased over the conve

ntional waveform coder. However, a large amount 

of computations are required as the sample delay 

increases. Hence, it is desirable to reduce the 

computational complexity. One of efficient searc

hing algorithms in the delayed-decision scheme 

is Viterbi algorithm191, which is essentially based 

on the maximum - likelihood principle. Anderson and 

Bodie proposed the M algorithm, which is known 

to be the most efficient searching algorithm1101. This 

algorithm is a simple synchronous tree searching 

method that maintains a small fixed number of 

paths in contention. ADPCM and ADM systems 

that use this algorithm have been studied(u\

Previously, delayed-decision coding has been used 

in ADM with a 1-tap fixed predictor. Here, we 

attempt to apply the delayed-decision coding to 

the ADM with a high-order fixed predictor. To 

reduce the computational complexity, a new sea

rching algorithm called the block decision algorithm 

is applied112'. With this algorithm, one can improve 

the dynamic range, peak performance and coder 

stability.

Following this introduction, in Section D, ADM 

coder with high -order or adaptive prediction algo

rithm is explained. In Section HI, the delayed- 

decision coding is applied to ADM with a high- 

order fixed predictor. Various searching algorithms 

such as the Viterbi algorithm, the M algorithm 

겄nd the block decision algorithm are investigated, 

and computational complexities of these algorithms 

are considered. In Section N, the performances 
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of ADM with a high-order fixed or adaptive 

predictor are investigated. Also, the performances 

of ADM with delayed-decision scheme are studied 

by computer simulation. Finally, conclusions 게:e 

made in Section V.

n. ADM WITH HIGH ORDER 디XED OR ADAPTIVE 

PREDICTOR

It is well known that for transmission of corre

lated signals such as real speech and video, the 

use of a d迁f&ential coder is efficient in bit rate 

reduction or performance improvement. In general, 

when the order of fixed predictor is low, correlation 

characteristics of speech cannot be used advanta

geously for bit rate reduction. For this reason, 

high-order predictors and its adaptive versions have 

been studied in ADPCM and APC<13), Adaptive 

prediction algorithms may be classified into two 

categories: feedforward and feedback schemes. 

In our study, we consider only the feedback sch

eme because it is simple to implement. A predictor 

with the feedback schem which is also called a 

sequentially adaptive backward predictor uses the 

steepest descent method for coefficient optimization

In the steepest descent method, the prediction 

filter coefficient vector w(k) is updated astl4)

w(k+l)=w(k)+“x(k)e(k) (1)

where 芹 is a constant convergence factor, x(k) 

is an input vector and e(k) is the difference signal 

between the desired input signal x(k) and the 

predicted output signal Y(k). Then, the predicted 

output signal is computed by

Y(k)=w*k)  x(k). (2)

Gibson et al. used the coefficient updating equation 

of (1) to an ADPCM system (U,.

A typical ADM coder with an adaptive predictor 

is shown in Fig. 1. The quantizer, indicated by 

Q in the figure, is instantaneously adaptive and 

uses the adaptation logic developed by Jay게it"? 

The predicted value in Fig. 1 is equal to weighted 

linear combination of past input signal estimates. 

It is given by

X(k Ik一 1)=窗扃(k — l) x(k-i) 

i—1

=aT(k-l) iN(k-l) (3)

(b) Receiver

Fig. 1. A block diagram of ADM with a high-order fixed 

or adaptive predictor.

where aT(k —l) = [a1(k —1), d(K—1),…，段N(k—1)] is 

a vector of predictor coefficients and XpiPk —1)=

(k — l), i (K —2),…，x (k-N)], The predictor 

studied here may have N=l,2, or 3 taps and are 

backward adaptive in its structure. In our study, 

a simple stochastic approximation prediction algo

rithm is investigated. This backward adaptive 

predictor does not require the transmission of 
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prediction coefficients to the receiver. Only the 

prediction error signal is encoded and transmitted.

Stochastic approximation algorithm is an appro- 

ximate algorithm of the time domain least mean 

square algorithm (TLMS) normalized by input 

power. In this algorithm, predictor coefficients are 

updated at each input sampling time according 

to the difference equation

公(k+1) =a(k)+KsAP (k+1) e(k+l) (4)

where the initial conditions ar aT(0)=[0 0--0 ] 

and the vector gain is given by

KsAp(k+l)=---- g#N(k)______  (5)

100+xNT(k) xN(k)

Here, 나le scalar gain g is chosen to optimize 

하le system performance. Also, the bias constant, 

100, of (5) is used to prevent the instability of 

比e vector gain.

ID. ADM WITH DELAYED DECISION SCHEME

In the delayed-decision approach of coding, 

encoding, encoding delay is utilized to provide the 

capability of a multipath search, which leads to 

an efficient coding of redundant or nonredundant 

inputs. Although the delayed-decision coder can 

be used for any input source, it can be used eff

iciently for coding of a correlated source such as 

speech and video, particularly when combined with 

a differential coding scheme. By using a delayed - 

-decision scheme, one can improve the performance 

and obtain the stabilizing effect. With a delayed- 

-decision scheme, the instability problem resulting 

from the interaction between a predictor and a 

coarse quantizer can be avoided. The block diagram 

of a delayed-decision ADM is 아lown in Fig. 2. 

One notable difference from the conventional 

encoder is that it has a buffer to store the input 

瓯nal before encoding, a tree generator to generate 

sequentially N-sample codes, and a seairhing alg

orithm to find the most suitable output among 

N-sample values.

(a) Transmitter

FROM 'opt 
CHANNEL

y(n)

p（.）

(b) Receiver

Fig. 2. 티ock diagram of a delayed-decision coder.

The 笠ar사】ing algori比m calculates 하)e difference 

between 바stored input and the output of the 

tree generator. In this case, the metric of distortion 

measurement is mean-squared error (MSE). Among 

N-sample values, 나le one with the minimum value 

of MSE is determined as an output. Finally, this 

value is coded and transmitted through channel. 

A上 the same time, the values such as step size 

and predicted value that are necessary for the next 

decision must be stored in the memory. The same 

procedure is repeated for the next speech samples. 

Note that the decoder has the same structure as 

that of the conventional decoder. Hence, the dec- 

oder simply recalculastes 난此 sequence from the 

input codewords.

In tree search, the basic problem is that given 

an appropriately pop니ated tree, we select an output 

sequence that mat사les its input best. Search alg

orithms are divided larg이y into two categories: 

exhaustive and non-exhaustive search algorithms. 
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An exhaustive algorithm searches all candidate 

output sequences to choose the optimum sequence, 

In this case, as the delay length or the bit rate 

per sample increases, the computational complexity 

grows exponentially. On the other hand, nonexh - 

austive algorithms such as the Viterbi and M 

algorithm search for a part of candidate output 

sequences to reduce computational complexity. In 

this case, the performance is degraded slightly.

In an exhaustive search algorithm, all possible 

output sequences are examined for one output to 

be transmitted. The relative computational comp

lexity of an exhaustive search algorithm as com

pared to the conventional coder without delay 

decision may be expressed as

C=2RN (6)

where R is bits per sample and N is the delay 

length06).

Also, in the M-algorithm, there exist only M 

stages with the least-error lengths at any time 

index. This algorithm examines the path error 

metrics generated from M stages. And then, only 

M stages with least-error lengths are chosen. This 

process is continued until full-delay length is 

examined. Hence, the complexity of the M-algo

rithm is given by

C=M - 2R (7)

Since the M-algorithm has simple complexity 

in contrast to the exhaustive search algorithm, this 

algorithm can be applied efficiently to a waveform 

coder with the delayed-decision scheme.

In this paper, a block decision algorithm which 

is similar to a codebook coder is used. In the block 

decision algorithm, the optimum path is determined 

by examining all paths. All entries in the optimum 

path are coded and transmitted.

This algorithm saves a significant amount of 

computations with slight performance degradation. 

The required computational complexity is given 

by

C=—• [2R+22R+--+2NR]

2R r 2NR-1 1 (8)
=N [■顶二「J

where N is the delay length. For a large R or 

N, (8) becomes

r~2NR (9)
。=卞~

That is, the complexity of a block decision 

algorithm is 1 / N times that of the exhaustive 

searching algorithm.

N. COMPUTER SIMULATION RESULTS AND 

DISCUSSION

Simulations of ADM coder were performed with 

real speech signals bandlimited to 3.4 kHz and 

sampled at 16 and 32 kHz. The ADM coders 

under study were simulated with a step size 

range of 60 dB and the input signal level was 

varied over a range of 80 dB.

First, we studied the usefulness of high-order 

fixed or adaptive prediction algorithms in ADM. 

A high-order predictor with 2-or 3-tap coeffic

ients were also used to improve the prediction 

performance. Also, we compared the performance 

of an ADM coder with an adaptive predictor with 

that of an ADM coder with a fixed predictor. 

As a performance criterion, SQNRseg which is 

more correlated with the perceptual effect than 

SQNR was used.

To determine the effectiveness of a hig-order 

fixed predictor and an adaptive predictor, we used
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them in CVSD and HCDM at the rates of 16 

and 32 kbits / s. At 16 kbits / s the performance 

gain obtained by the use of a high-order fixed 

predictor was small. The results are shown for 

CVSD and HCDM in Figs. 3 and 4, respectively. 

Also, in F'igs. 5 and 6, the performances of CVSD 

and HCDM with high-order fixed predictors at 

32 kbits / s are shown. We can see that a signi

ficant performance gain in ADM can be obtained 

using a high-order fixed predictor at 32 kbits / s. 

The reason may be due to the fact that input 

speech sampled at higher sampling rate has more 

correlation between adjacent speech samples. In 

addition, the performances of CVSD with an 

adaptive predictor at 16 kbit / s transmission rate 

is shown in Fig. 7. In the figure, it is seen that 

CVSD with an adaptive predictor has narrower 

dynamic range than the conventional CVSD, 

although the peak performance is better by about 

2dB in SQNRseg. This phenomenon may result 

from the accumulation of quantization noise of 

ADM with a 1-bit coarse quantizer. Also, acco

rding to the simulation results, ADM with an 

adaptive predictor at 32 kbits / s has much nar

rower dynamic range than the conventional ADM, 

although the peak performance is better by about 

2dB in SQNRseg

Fig. 4. SQNRseg of HCDM vs. input signal level (fs=l 

6 kHz).

(a) Fixed 1-tap predictor

(b) Fixed 2-tap predictor

(c) Fixed 3 tap predictor

(a) Fixed 1-tap predictor

(b) Fixed 2-tap predictor

(c) Fixed 3-tap predictor

(a) Fixed 1-tap predictor

(b) Fixed 2-tap predictor

(c) Fixed 3-tap predictor

Fig. 6. SQNRseg of HCDM vs. input signal level (f$=3 

2 kHz).

(a) Fixed 1-tap predictor

(b) Fixed 2-tap predictor

(c) Fixed 3-tap predictor
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(b) Stochastic approximation algorithm

(c) TLMS algorithm (缶=0)

Second, we applied the delayed -decision algorithm 

to ADM to improve the speech quality at the rates 

of 16 and 32 kbits / s. As a delayed-decision sch

eme, we used a block decision algorithm for ADM 

with 1-or 2-tap coefficients.

The performance results of a delayed-decision 

ADM are shown in Figs. 8 through 13. Figs. 8 

and 9 show the performance gain of a delayed- 

decision CVSD with a fixed l or 2-tap predictor, 

respectively, at 16kbits / s. We can see that the 

delayed-decision CVSD with a 2-tap predictor is 

superior to the delayed-decision CVSD with 거 1 

-tap predictor by about 3dB in SQNRseg. The 

reason is due to the fact that the instability pro

blem of CVSD with a high-order fixed predictor 

can be avoided if a delayed-decision scheme is 

used. As for the delayed-decision HCDM at 16 

kbits / s, we could achieve the same performance 

gain over the conventional HCDM. The results are 

shown in Figs. 10 and 11. Comparing the delaye- 

d-decision CVSD with the delayed-decision HCDM, 

we can see that the dynamic mnge of the latter 

is much larger than that of the former, although 

廿ic peak performances of the two coders are alm

ost the same. In addition, when the transmission 

rate of a delayed-decision CVSD with a 2-tap 

predictor was 32 kbits/s, we co니Id achieve a 

performance gain over the conventional CVSD by 

about 5 dB in SQNRseg. The results are shown 

in Figs. 12 and 13. The reason is due to the 

efficient use of the correlation property of speech 

samples as a result of high sampling.

Fig. 8. SQNRseg of CVSD with a fix3 1 tap predictor vs. 

input signal level (fs—16 kHz).

(a) No delay (b) 2-sample d이ay (c) 4 sample 

delay

Fig. 9. SQNRSEg of CVSD with a fixed 2 tap predictor 

vs. input signal level (fs=16 kHz)

(a) No delay (b) 2-sample delay (c) 4-sample 

delay
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(a) No delay (b) 2-sample delay (c) 4-sample 

delay (a) No delay (b) 2-sample delay (c) 4-sample 

delay

(a) No delay (b) 2-sample delay (c) 4-sample 

delay

M

,s
'°

느

星

100

Fig. 12. SQNRseg of CVSD with a fixed 1-tap predictor 

vs. input signal level (fs=32 kHz).

(a) No delay (b) 2-sample delay (c) 4-sample 

delay

V. CONCLUSION

In this paper, two schemes for improving the 

performance of ADM have been investigated. One 

technique is 比。use of a high-order fixed or 

adaptive prediction m&hod. For ADM, with a 

high-order fixed predictor, a significant gain of 

about 3 to 4 dB in SQNRseg has been achieved 

at 32 kbits / s, although a little gain could be 

obtained at 16 kbits / s. Also, it has been found 

that ADM with an adaptive predictor has a nar

rower dynamic range than the conventional CVSD 

due to the accumulation of quantization noise of 

ADM, although the peak performance is better 

by 처bo니t 2 dB in SQNRseg at 16 and 32 kbits / s.

The other technique for improving the speech 

quality of ADM coder is the use of delayed-dec

ision coding. As a search algorithm, we have used 

the block decision algorithm whose complexity is 

relativ이y small compared with other sear사】Eg 

algorithms without performance degradation. For 

ADM such as CVSD and HCDM, the delayed- 

decision ADM with a 2-tap predictor is superior 

to the delayed - decision ADM with a 1-tap pred-
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ictor by about 3 dB in SQNRseg at 16 and 32 

kbits / s. The reason may be due to the fact that 

the instability problem of ADM with a high-order 

fixed predictor can be avoided if a delayed-decision 

scheme is used. In addition, we have shown that 

when the transmission rate of a delayed-decision 

ADM with a 2-tap predictor is 32 kbits / s we 

could achieve a performance gain of about 5 dB 

in SQNRseg over the conventional ADM.
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