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Hybrid Companding Delta Modulation
with Silence Detection
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Abstract

In this paper we exploit the use of the intermittent property of speech to reduce the
transmission rate or to increase signal-to-quantization noise ratio (SQNR) in coding speech
by hybrid companding delia modulation (HCDM). In this scheme we detect silence in
speech by a speech/silence discriminator. HCDM coding is done only for speech portion.
For silence that is detected in every block of 5 ms, only the information indicating that the
block is silence is transmitted. At the receiver silence is created based on this information.
Since the HCDM coder transmits binary signal synchronously at a fixed rate, the use of a
buffer and its efficient control is essential. By using the HCDM with silence detection in
coding speech, we could improve SONR by as much as 6 dB over the conventional HCDM
or reduce the transmission rate by one third of the HCDM rate.

increasing rapidly, considerable effort has

1. Introduction
recently been given to develop bandwidth-

As the number of communication users is efficient coding schemes for transmission
— e of speech. One effective method of reducing
IR EEREEMTE ER 9 BT LR redundancy of speech is to use a predictive
(Dept. of Electrical Engineering, KAIST) waveform quantization method such as adap-
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differential pulse code modulation (ADPCM),
ADM is known to be one of the most effective
speech coding methods in the range of 16
to 32 kbits/s. According to a recent study by
Un and Lee,! hybrid companding delta
modulation (HCDM){2) yields the best per-
formance among many different ADM schemes.
Another effective method of increasing
channel capacity is to use a scheme in which
silence in conversational speech is detected and
not transmitted. One typical example is time
assignment speech interpolation (TASI).[:”
If we combine these two methods, that is,
predictive coding and speech interpolation,
significant bandwidth compression can be
achieved in coding speech. This paper deals
Specifically, we
study here HCDM coder with silence detection.
By incorporating a silence/speech detection
algorithm in the HCDM coder,
eliminate transmission of silence,

with such a coding scheme.

one can
thereby
achieving significant bandwidth compression.
In our system the output bit stream is trans-
This is in contrast
with other coders with spech interpolation

mitted synchronously.

in which speech is transmitted asynchronous-
ly. To have synchronous transmission, a buffer
and an effective buffer control algorithm must
be used. This aspect will be discussed in detail.

Following this introduction, we describe
the algorithm of the HCDM with silence detec-
tion (HCDM-SD) in Section IL
simulation results of the system and discussion
on system performance follow in Section IIL
Finally we make conclusions in Section IV.

Computer

II. Algorithm of HCDM with
Silence Detection

1. Overall System

A block diagram of the HCDM-SD is shown
The system can be divided into three
major parts: HCDM coder and decoder, a
silence detector, and a buffer and its control
unit. The input signal is segmented into blocks
of 10 ms duration. By using a silence detector
one can decide whether each block is speech

in Fig. 1.
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Fig. 1. Block diagram of HCDM-SD system.

or not. When the input signal is decided to be
speech, the HCDM coder encodes speech at the
rate of fg, and the output bits are stored in
the buffer. When silence is detected, code bits
are not stored, but only the information
indicating that the corresponding block is
silence is stored. For a speech segment the
output bits of HCDM are organized into pack-
ets, each 120 bits with a 2-bit header included;
and for a silent segment the HCDM output is
just header bits indicating that the segment
The information stored in the buffer
is transmitted synchronously at a fixed rate.

is silence.

At the receiver the received signal is stored in
a buffer. If the header indicates that the in-
coming signal is a speech segment, the HCDM
decoder decodes the received bits to produce
speech. But, if the header indicates that the
segment is silence, the decoder is switched off
so that artificial silence can be inserted before
the next speech segment arrives.

One can note that three critical parts of
the HCDM-SD system that affect the system
performance are the HCDM coder itself, the
silence detector, and the buffer control unit.
If silence is detected inaccurately and thus
speech portion is cutoff, the received speech
would sound unnaturally. Also if overflow
occurs in the buffer because of the limitation
of the buffer size, speech signal can be lost.
Hence, the accuracy of speech detection and
the effectiveness of buffer control are essential
for the system to work satisfactorily. The
HCDM code that is the heart of the system
provides efficient coding of input speech.
These three critical parts are now described.
efficient coding of input speech. These three
critical parts are now described.

2. HCDM Coding
The HCDM code is shown in Fig. 2. The
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Fig. 2. Block diagram of HCDM coder

Table 1. HCDM companding logic.

by bp by, | Multiplication Factor (k)
+ + + 1.5

- - - 1.5

— — + 1

+ + — 1
-+ 0.66

+ - - 0.66

— + — 0.66

+ — + 0.66

feature of the system is that it uses both
syllabic and instantaneous companding sch-
emes. The quantizer basic step size is deter-
mined by the slope energy of the decoded
signal that is estimated every 5 ms. In addition,
the step size of HCDM is adjusted at each
sampling time according to the logic rule shown
in Table 1. Accordingly, given the sampled
signal Sp in the ADM coder, sign bits are

generated as

b, = sgn(sn -3y

with
SAn = e—ﬁT é\n—l * byl An—l
An =AY,
Tn = kn')/n-l

and

kn = f(bn’ bn—l’ bn—2) ’

where §§ is the inverse of a leakage time cons-
tant of the prediction loop; Yy is the instan-
taneously companded step size at the oy
sampling instant; A is the step size of Ny,
sampling instant; k, that depends on the pre-
sent and two previous bits is a multiplication
factor determined by the logic rule shown
in Table 1; and A is the basic step size that is
obtained from the input signal slope energy
estimate E computed with the predicted signal
over every 5 ms interval. The basic step size
of the quantizer is obtained by

A =aE,

where « is a scale factor, and E is the average
slope energy of the decoded signal.

It is important to choose a proper value
of the scale factor o. If the value of « is larger
than one, the decoded signal becomes unstable.
On the other hand, if « is too small, amplitude
of the decoded signal approaches zero regard-
The optimum
viaue of « that gives maximum SQNR may be
obtained by obtaining SQNR’s as a function
of «. When the input signal of HCDM is speech,
its optimum value is 0.8. Un et al. obtained
this value by computed simulation.[?]

less of input signal variation.

3. Speech Detection

Several speech detectors have been de-
veloped since the TASI system first appeared
two decades ago.[3'7] Most of these detectors
discriminate speech based on level or envelope
detection of input signal. Recently, Un and
Lee used a different approach in which speech/
silence discrimination is made by using linear
delta modulation (LDM) bit stream.[’! OQur

speech detector is a simplified version of Un
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and Lee’s system.

To make speech/silence detection, analog
speech signal is coded by an LDM coder,
and bit alternations of the LDM output bit
stream is counted. The silence/speech decision
for a segment of speech is then made by com-
paring the counted value with a preset thres-
hold.

SPEECH | LDM P ALTERNATIONF DECISION
|NPuT‘_#ENCODERl | MEASUREMENT | 1 ALGORITHM j

f
s SPEECH/ SILENCE

Fig. 3. Block diagram of the silence/speech

detector.
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Fig. 4. Block diagram of LDM encoder.

A block diagram of the speech detector
used in our system is shown in Fig. 3, and the
LDM coder is shown in Fig. 4. In the LDM
coder the magnitude of the slope of the esti-
mate x(t) cannot exceed the product of the
quantizer step size A and the sampling fre-
quency fg, ie., A-f. If the slope of the input
signal x(t) is greater than A'fs and thus slope
overload occurs, the output bits generated
would have the same polarity. On the other
hand, if the slope of x(t) is less than A'fs and
thus granular noise occurs, the output bit
pattern alternates in bursts by logic I’s and logic
0’s. During silence the bit stream alternates
in 1’s and O’s at successive sampling instants.
Accordingly, one can discriminate speech by
examining variation of LDM bit patterns. In
our system the LDM bit stream is obtained
in 5 ms blocks (each block is 120 bits long
when the sampling rate is 24 kHz), and the
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number of bit alternations is counted in each
block. The silence/speech decision is made
based on the bit alternation rate of 4 block,
R(n), and the previous decision state. To make
a decision, the bit alternation rate is compared
with the preset threshold value THV. When
R(n) is greater than THV.
input signal is considered as silence. On the
other hand, when R(n) is less than THV,
that segment is decided to be speech. In the

that portion of

transition of silence to speech and speech to
silence, incorrect decisions occur sometimes
for a short period of time. To alleviate these
problems, a delay time of 10 ms is used in our
system. This delay time that has been obtained
by computer simulation gives the least de-
cision errors in our system.

4. Buffer Control

Since the size of the buffer used in our
system is finite, overflow and underflow can
occur. Accordingly, an effective buffer con-
trol must be used to prevent the undesirable
effect.l8)  Let fs be the trainsmission rate, fsd
the sampling frequency to be decided and fsh
a sampling frequency that is greater than fs.
Also, let B be the buffer size and b(i) the
number of bits in the transmitter buffer at
time i. We use the following buffer control
algorithm:

fod < f, if b(i) = B
= fg, if 0 <b(i) <B, and R(n) < THV
= f, if 0 <b(i) <B, and R(n) >THV
2 £, if b(i)=0.

Thus, when the transmitter buffer is full, the
sampling rate of the coder must be less than or
equal to the actual transmission rate. In the
case of a buffer being empty, the coder sam-
pling rate should be greater than or equal
to the transmission rate. When the buffer is
not full or empty and the bit alternation rate
is below the threshold, we use a sampling rate
that is greater than the transmission rate.
Also, when the buffer is not full or empty
and the bit alternation rate is above the
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threshold, the sampiling rate is forced to be the
same as the channel transmission rate. One
should note that, although the buffer control
algorithm described above prevents overflow
or underflow, the system performance be-
comes degarded if the buffer size is too small.
Therefore, the buffer must be large enough to
guarantee satisfactory performance. In gen-
eral, as the transmission rate is increased, the
buffer size is also increased. The performance
gain of HCDM-SD is dependent upon the given
delay time and the characteristics of input
signal. The performance of HCDM-SD can be
improved to some extent as the buffer size or
delay time is increased. However, if the buffer
size is larger than some threshold value, the
performance gain no long increases and the
delay time becomes larger. This undesirable
large delay time would give unnatural speech
quality. Therefore, the buffer size must be
compromised according to the delay time, the
transmission rate and the characteristics of the
input signal. This compromised size may be
obtained by computer simulation.

examined variation of bit alternation rate by
changing LDM sampling rate. Table 2 shows
the bit alternation rate R(n). It can be noticed
from Table 2 that for the silent portion, the bit
alternation rate increases as the sampling rate
becomes higher, while it remains fairly constant
for the speech portion. Also, it becomes inore
difficult to distinguish silence from speech as
the sampling frequency becomes lower. There-
tore, a proper sampling frequency must be
chosen for accurate silence/speech discrimina-
tion. According to our simulation results, the
sampling frequency must be greater than 16
kHz for correct decision.

From Table 2, it is seen that bit alternation
rate is high for silent portion, but is low for
the speech segment. Therefore, it is easy to set
a proper threshould values by which silence/
The threshold levels
for bit alternation rate must be optimized to

speech decision is made.

minimize the decision errors. Optimum thres-
hold value is set at the midway between the
average bit alternation rate of speech and the

same for silence. The optimum threshold

Table 2. Average bit alternation rate of LDM signal.

«! Bit Alternation Average Bit Alternation Rates ’

Sampling i | R — J(
\ Rate for 5 ms ‘ Speech i

Frequency | Windowin e e Silence ]
| g Voiced Unvoiced |

8 kHz | 40 i 5 23 51|

| |

16 kHz | 80 | 20 66 |
24 kHz 120 | 27 106 |

IIl. Computer Simulation Results
and Discussion

Computer simulation has been done using
various male and female speech of different
characteristics. The speech used in simulation
was bandlimited to 3.4 kHz. In general, bit
alternations of LDM signal depend on the
LDM sampling frequency and input speech
characteristics. Hence, it is necessary to opti-
mize the LDM sampling frequency for correct

silence/speech decision. Accordingly, we first

values THV are 50 at the sampling frequency
of 16 kHz and 70 at 24 kHz. With this opti-
mum value, the silence/speech decision for
speech can be made correctly, providing that
the input speech is noise free.

Fig. 5 shows a flow chart of our decision
algorithm. The bit alternation rate for the
LDM output is measured and compared with
the threshold value, and the output AA is
produced at each windowing interval. If the
bit alternation rate is greater than THV, AA
is level ‘1. Otherwise, AA is level ‘0’. The
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Fig. 5. Flowchart of the decision algorithm,

silence/speech decision is made based on the
state of AA and its previous state. The decision
state DD is level ‘1’ or level ‘0’. Level ‘1’
means silence and level ‘O’ implies speech. In
the transition of silence to speech and speech
to silence, the state of R(n) alternates between
low and high states for a short time interval,
typically 5 to 20 ms. In the continuous speech
portion, silence portion can be detected infre-
quently.
speech portion may be detected because of

Also, in the long silence duration,

noise. To alleviate these phenomenon, a smoo-
thing scheme is used. In the speech-to-silence
transition state, a delay time of 20 ms gives an
error-free decision. Also, in the silence to
speech transition state, a delay time of 5 ms
can correct decision errors due to short noise.

To examine the performance of HCDM
with silence detection, signal-to-quantization
noise ratio (SQNR) of the system has been
obtained as a function of the input signal
level over the range of 80 dB. Fig. 6 shows the
result along with the performance of the con-
ventional HCDM. It is seen that the perfor-
mance of HCDM-SD is about 6 dB better than
that of HCDM. The reason for this perfor-
When the
portion of input signal is considered as silence,

mance improvement is as follows.

only the side information that indicates silence
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Fig. 6. (a) SQNR’s of HCDM-SD and HCDM
vs input signal level.

(b) Segmented SQNR’s of HCDM-SD

and HCDM vs input signal level.

is transmitted. By doing so, bandwidth com-
pression of as much as 33% can be achieved
for a given SQNR; or SQNR can be improved
by increasing the sampling rate. In our HCDM-
SD system, the transmission rate is fixed at
16 kbits/s, but speech portion is sampled at
24 kHz unless the buffer is overflow. Fig. 7
shows the performance of HCDM-SD and
HCDM when channel is noisy.
performance of HCDM-SD is
HCDM.
synchronization errors occur.

As mentioned, in the HCDM-SD system a
time buffer control scheme is used because the
channel rate is different from the source coding
rate. In our simulation, a 3 kbit buffer was
Hence a delay time of 3/16 sec results.
This delay would give perceptually a negligible
effect.

Again, the
better than
In this case, we assumed that no

used.
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Fig. 7. SQNR’s of HCDM-SD and HCDM vs
channel error rate.

When the buffer size is made very large or
unlimited, one can improve the performance
further by as much as 9 dB over the conven-
tional HCDM. However, the time delay resul-
ting from the use of a large buffer would give
unnatural speech qualitv. Hence, a compro-
mised buffer size must be decided based upon
the sampling frequency used.

Finally, considering implementation of the
HCDM-SD algorithm using standard integrated
circuits, we need hardwares such as a silence
detector, a buffer, and a buffer control logic
in addition to the HCDM codec itseif. Hence,
the hardware of HCDM-SD system is about
twice as complex as that of the conventional
HCDM. However, the LSI technology is being
rapidly progressed in recent years. Therefore,
the cost and hardware complexity should be
no problem since the system is LSIimple-

mentable.

IV. Conclusions

In this paper we have studied speech coding
by HCDM with silence detection. In this
schenie we detect short silence in speech by a
silence/speech discriminator. Waveform coding
is done only for speech portion. According
to our simulation results of the HCDM-SD
system, it performs reliable and yields a band-
width compression of about 33%, or a SQNR

unprovement of about 6 dB. This improve-

ment results from the elimination of short
If one has the TASI gain
by eliminating long pauses in coding speech,

pauses in speech.

further bandwidth reduction and performance
improvement can be achieved.

It should be noted that the silence detec-
tion scheme can be used in any speech coder.
Therefore, it is possible to get the same band-
width compression effect or performance
improvement by utilizing this scheme in wave-
form coders such as PCM and ADPCM. The
proposed scheme can also be used for econo-
mical storage of speech in a computer.
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