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Silence Encoding Technique for
Compressing Digital Speech Signal
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ABSTRACT
Conventional methods of coding the time waveform of a speech
signal are used to reduce the data rate. However, it is to be expected that
these simple coding techniques will be superseded by more complex
coding methods that may give much more substantial reduction in the
data rate for accepted level of degradation in speech quality.
Within the framework of this paper, a new perceptive silence
encoding technique for compressing the digital speech signal is
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introduced. First, an overview of some basic concepts involved with

natural of digital speech and digital speech coding paradigm are

presetted. Then, a quantitative analysis for the digital speech waveform

signal is conducted to emphasis the powerful utilization of the proposed

coders. An efficient preprocessing process is established to perform the

deletion of the nonessential acoustic material from the speech

waveform . The major aim of designing the silence encoding system is

to satisfy the following:

1.Smoothing the output speech signal by determine the noise within the
waveform and substitute it with a value that do not have any relation
with the noise value.

2.Reduce the cost that encountered in the speech compression process
and this is can be established by compressing the voiced speech only
and left the unvoiced speech without any processing. -

1 Introduction
The simplest speech-specific compression technique is the

silence encoding. When people speak, there are many pauses. Some are
short pauses between words and phrases; others are long pauses
between sentences or when changing speakers. You can often compress
speech data by as much as 50 percent by identifying these silences and
replacing them with compact duration codes [1].

A physical implementation of digital-analog communication
might consist of the following steps. The information source may first
be filtered to ensure that the signal is band limited and to reduce high-
frequency noise. Next, the signal is saimnpled and quantized to provide a
pulse code modulated signal. Certain encoding may then be performed
to reduce the statistical redundancy. The signal is then encoded for
reduction the channel errors and transformed by the modulator into a
form suitable for transmission over the channel. The signal received
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form the channel is demodulated into base band signals, decoded for
channel errors and the statistical redundancy is restored. Finally, an
equalization or enhancement may be performed before the signal is
received by the user [2].

A modern coder (compressor), acts in similar way, it takes digital
PCM  speech signal and apply further compression processes
resampling , mapping, requantization, and appropriate encoding
algorithms to emphasize the reduction of the bit rate efficiently to
produce a more compressed representation, and finally a decoding
procedure (expander) is performed at the receiver to reconstruct the
original speech signal.[3].

2. WAVE File Format

Because the WAVE is the native sound format used by Microsoft
Windows, it is naturally the most popular sound formats around. The
overall structure is based on the general file format called the Resource
Interchange File Format (RIFF).

WAVE files are RIFF files in which the outermost chunk is a
RIFF" container with a WAVE container type. Most WAVE files
contain both an fimt chunk and a data chunk, as shown in figure (1).[4]

7
length bytes

|
| 1

= | |
R [ FI B ﬁ,ength W A VIE {mt CHunk data
2 LT 1 1|

F IGURE 1: RIFF Chunk Format.
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3. Proposed System

In this paper, we are mainly concerned with source compressor
and source expander. That it, we show source diagram of a source
compressor and expander in figure (2). As shown in figure (2)(a), there
are many components in SOUrce COMpIEeSSor: Preprocessing process
(noise canceling), segmenting machine, run-length coding, transform
coding, sub-band coding, quantization, and codeword assignment,
whereas figure (2)(b) shows the source expander which has the inverse
of the source compressor components. An illustration of these
components or processes will be introduced in the later sections.

The silence encoding technique was the system proposed in the
current paper work. In simple words, it splits the digital speech signal
into two parts (voiced and unvoiced parts), the voiced part will only
compressed by the compressor body and then send a compressed part
and referenced to the unvoiced part only. The expander body
decompresses the compressed part and restores the unvoiced part in its

appropriate places.
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(a) Source Compressor
Speeh
Outpt
Speeh

(b) Sea rceI Expander

Yrverse
RunLength

Processing SubBand

FIGURE 2: Proposed system.

J.0 Seomenting Machine

The proposed coding system is based on segmenting the voiced
portion of the sound {WAVE file) into fixed sized frames, and each
frame will be coded separately by using the DCT coding scheme,
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The first process of the system is to segment the voiced part of
the input speech file into blocks (all have the same size), and then these
blocks sent to the next process of the system.

3.2 Preprocessing Process

Because when we talk, we have to make a pause interval
between successive words. Speech recordings may convey portions of
unvoiced materials which vary in size from a talker to another
(depending on the talking habits of that talker). Canceling these
materials can reduce the storage requirements of the assumed output
file format substantially and may reduce the processing efforts.

The unvoiced block or frame has either low power or amplitude and-
high zero-crossing. Thus depending on these two attributes, and
consider them as two criteria, we can determine the segmented frame
voiced or unvoiced and this is the second process in the suggested
preprocessing process, and this can be done according to the following
condition:

If (FramePower < PowerThreshold) or
(FrameZeroCrossing < ZeroCrossingThreshold)

Then Frame is voiced :

Else Frame is unvoiced.

3.3 Run-Length Coding
Run-length coding (RLC) is a compression method, in our
speech system, it works by counting the number of adjacent frames
of voiced or unvoiced. This count, called the run-length, is then

coded and stored. The efficiency of the run-length coding depends
on the number of adjacent voiced or unvoiced frames. The method
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is also sensitive to error, since a single bit error could change the
length of the run and thus offset of the entire speech.

The format of the run-length file can be illustrated in figure (3).
The run-length file begins with one bit 0 or 1, depending on the first
adjacent voiced or unvoiced frames of the speech file, if the first
adjacent frames are voiced, then the file starts with 1 else it starts
with 0, thus the first bit determines the speech file begins with
voiced or unvoiced frame. Let we assume that the run-length file
stars with 1 then the first number represents the number of adjacent
voiced frames, the second represents the number of adjacent
unvoiced frames, while the third represents the number of adjacent
voiced frames, and so on.

The adjacent voiced or
anveiced frames (depending

L 2

% The adjacent voiced or

unvoiced frames (depending

p0:First adjacent frames are
voiced

Freure 3: Run-Length File Format.
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3.4 Transform Coding

A transform is a process which takes information in one domain
and express it in another. The representation of audio signal is in the
time domain: their voltages (or samnple values) change as a function of
time. Such signals are often transformed to the frequency domain for

the purpose of compression [3].

The Fast Discrete Cosine Transform (FDCT) was implemented
in our system. The DCT is a time consuming transform because the
number of multiplication operations involved in the transformation, and
this may affect the performance of the system. In this correspondence
we propose an additional algorithm, which not only reduce the number
of multiplication operations but also has a simple structure. This
algorithm is the FDCT. The FDCT is based on pre-computed the kernel
of the DCT and can be defined as,

r(u Zf ) ker nal{(2x +1)* u MOD(N * 4)|

(1)
for u=0, 1, 2, ..., N-1. Similarly, the inverse FDCT is defined as,

sl . ;
S)=>" ou)C(u) ker nal[(2x +1)* 1 MOD(N *4)]

=0 ...(2)
for x=0, 1, 2, ..., N-1. In both equations (1) and (2), [ is as defined in
equation (3) and the kernel is an array of N*4 dimension and can be
pre~computed as,

ker nal (Y) = C‘().{ﬁ_l
2N _

for x=0, 1,2, ..., N*4-1,

.(3)
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3.5 Sub-Band Coding

Sub-band coding mimics the frequency analysis mechanism of the
ear (this fact realize that the speech signals do not have uniform
spectral energy), it splits the speech spectrum into a large number of

frequency bands.

This transform is more commonly implemented in DSP systems
because it produces a smaller amount of coefficients by reiteratively
filtering the original signal using high and low pass filters to remove
redundant information. This process is carried out by using the high
and low pass filters to split the signal into two distinct types;
approximations and details. To minimize the amount of data produced,
the details are sacrificed, while approximations are maintained. This
process is known as two-channel sub-band coding [6].- '

The DCT converts the digital speech from the spatial domain to
the frequency domain, low-frequency accumulated in the first half of
the output of the DCT and high-frequency in the second half.
According to the sub-band coding and the frequency analysis
mechanisim of the ear in which the ear is less sensitive to the high-
frequency of the speech, we can discard the high-frequency part of the
output of the DCT without significant distortion on the reconstructed
speech, as illustrated in figure (4), in such case a reduction in the
storage will be realized.
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( Wavetorm Sketch
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o0
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50
a0
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l3(.! 10,000 20,000 30,000 40,000 50,000 60,000 70,000

o 10,000 20,000 30,000 40,000 S0,000 60,000 70,000

FIGURE 4: (@) Original Speech (b) Reconstructed Speech After
Discarding the High-Frequency of the Output of the DCT.
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4. Bit Allocation

The input speech is first divided into a sequence of voiced and
unvoiced frames (each frame consists of 16 bytes). The collected
unvoiced frames are transmitted as zero-amplitude frames, while the
collected voiced frames are divided into blocks (each block consists of
64 bytes), then a linear transform is applied to cach block. The
transformed blocks go through truncation, quantization, and codeword
assignment. The last three functions: truncation, quantization, and
codeword assignment are combined and called bit allocation.

As we know, the applied transform de-correlates sub-blocks of
the collected voiced frames. Moreover, it redistributes speech energy in
the transform domain in such a way that most of the energy is
compacted into a small fraction of coefficients. Therefore, it is possiblé
to discard the majority of transform coefficients without introducing
significant distortion [6].

In the current work, several speech samples have been tested,
and it is found that introducing the first half of the frequency
coefficient while ignoring the second half coefficient will always does
not introduce a subjective error in the speech sample signal.

Before starting the truncation process, a weighted mapping
process was applied. The suggested mapping process maps the output
coefficients of the DCT such that the first half coefficients will be
enlarged, while the second part will be reduced. The weighting process
was adopted due to the fact that the human hearing system is less the
variations occurred in high frequency components in comparison with
those variations associated with the low frequency components. Thus,
the weighting mechanism will exploit this fact beside to offering the
opportunity to coarsely quantization the high frequency coefficients,
which will in turn leads to improve the compression performance. Due
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to discarding of the second half part of the output coefficients of the
DCT, a reduction in the storage will be satisfied. The foreword

weighted mapping process can be defined as,

C(x)

R(x)=— we(4)
W)= 0re)

for x=0, 1, 2, ..., N-1. Where QF is the quality factor and can be
defined as,

..(5)
tor x=0, 1, 2, ..., N-1. Clearly, the inverse weighted mapping process
can be defined as,

C(x)= R(x)* OF(x) ...{(6)
forx=0, 1, 2, ..., N-1.

The constant Q appears in equation (5) is not chosen arbitrarily. The
decision of assigning value to the constant Q stands on an experimental
analysis, thus we sought that the best value of Q which dose not
significantly distort the reconstructed speech and lead to good
compression performance is 5. This can be illustrated in figure (5),
where (a) is the original speech, (b) is the reconstructed speech after
applying the weighted mapping process on the output coefficients of
the DCT with Q=20, and (c) is the reconstructed speech also after
applying the weighted map After employing the mapping process, we
apply the truncation (i. e., quantization) process. Table (1) shows the
output coefficients of the DCT before and after the mapping and
fruncation processes.
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FIGURE 5: @) original Speech, @)
Reconstructed Speeck with 0=20, and (c)
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TABLE 1: DCT’s Coefficients Before and After the Resizing Process and After the

Truncation Process.

Coeflicient Before Resizing I After Resizing After \
Number Truncation
0o 1.008625000000000+0003 |  1.00862500000000030003 | 1009
1 4.06231322426902E-+0000 3.81978706162609E+0000 4
2 1.01838437265724E+0000 9.03636837709943E-0001 [
3 -1.23269009266551E-+0000 -1.03545967783903E+0000 -1
4 3.98638043440233E-0002 3.17901942237148E-0002 0
5 8.31669398134181E-0001 6.31267133523535E-0001 T
6 -1.08013988157290E+0000 -7.82170259070034E-0001 -1
7 1,39122390459988F-0001 9.63155010876842E-0002 0
] 1.053 11189643 544E-+0000 6.98379468162449E-0001 1
9 -9.80528788165429E-0001 -6.23972865196182E-0001 S i
10 -9.80528788165429E-0001 4.19398461728073EC-0002 0
i1 4.89255539578153E-0001 2.88066345732931E-0001 0
12 2.92647034947549E-0001 1.6609696578 1042E-0001 0
13 £.04298153524542E-0001 4.40615510191705E-0001 0
14 6.13219427038530E-0001 3 24645579020398E-0001 0
15 -5.28011192923259E-0001 -2.70444757350938E-0001 0
16 1.18287076122033E+0000 5.86778409109297E-0001 1
17 7.49659975752365E-0001 3.60523499789306E-0001 0
18 -1.41843761285236E+0000 -6.61937552664434E-0001 -1
19 ~1.38935761718244F-0002 -6.29708848075495E-0003 0 ]
20 -3.79479459384584E-0001 .1.67183258330271E-0001 0
21 4.05947720850236E-0001 1.73977594650101E-0001 0
22 3.01367984647641L-0001 1.257363114755061:-0001 0
23 ~4.91984286933985E-0001 -1.99967806947361E-0001 0
24 -3.52677067614877E-0001 -1.39739970187027E-0001 0
25 -8.62388573707449E-0002 -3.33315829101652E-0002 0
26 203609367751 142E-0001 7.68107195707900E-0002 0
27 -3.39013183872339E-0001 ~1.24899594058230E-0001 0
28 -8.94733003027795E-0001 -3.22103831090006E-0001 0
29 _1,3956848791804 1F+0000 4.01218700493663E-0001 0
30 6.2566713818341 TE-0001 2.15393604948389E-0001 0
3l 7.78453473116315E-0001 2.62259726237047F-0001 0
32 -1.2499999999909 1 E-D001 41230366491 8466E-0002 0 il
33 4.75109978925957E-0001 1.534970701 14540E-0001 0
34 2.52185536230627E-0002 7.98376320730125E-0003 0
35 ~1.88700988824849E-0001 -5.85623758421944E-0002 0
36 -2.04020105388963E-0001 -6.20930755531627E-0002 0
37 -3.05184290883062E-0001 9. 11213759508669E-0002 0
38 1.0283 1559599690E+0000 3.01320383943278E-0001 0
39 4.08901870999216E-0001 1.17629305355939E-0001 0
40 3.92275429782103E-0002 1.10822206620056E-0002 0 =
41 -1.82033158878086E-0001 -5.07699956357684E-0002 0|
42 1.11622973363637E-0001 3.04426290991738E-0002 0
3 2.510011393937935-0001 6.73137948162084E-0002 0 7
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44 9,24732016259440 [F-0001 24375781 1817342120001 0

45 -1.20302342404466E10000 -3.11894961780356F-0001 0

46 5 8068130973526 11:-0001 LA81097632118281:-0001 0

a7 -3.179319093 36864 1-0001 -1.29908815825030-0001 0

a8 -8.40630367022161L-0002 -2 0768762008782SE-0002 0

19 604 17639080788E-0001 -1.119934797764085-0000 | 0
30 4.045 1983 [3469881E-000 | 9690018773711 1 2E-0002 0

g 3037260612 19550F-000 | 7.16656998383207FE-0002 0

52 -S.000120185643175-0001 -1 88072004684694E-000 | 0 i
3 4.059516432985225-0001 929098310 102068E-0002 ) i
54 42738379032 {0831-0001 0.6506017 16948001-0002 0

55 0 8S2084648 LGOS 1000 -2, 103220257361 131:-000] 0

56 -2.7845 1825296088 :-000 -6, 12357 1406458310002 0

57 2.86276628632550F-0001 6197741444627 | E-0002 0

58 Q003919253 73469E-0002 LO2287089 14755:4H:2-0002 ()

) 6.03872583207 194E-000 1 1.39879307498506E-000 ] 0

60 7361812443 L4 3910001 ~1.3306738743 163360001 0

61 129350491 5235607000 2.6358328001040271-0002 0

62 6,063202104591 21 F-000 ) 1.2292371008 1 2051-0001 0

" e 16521 540869653 1 E-0001 =
A3 -8.2607704348265 510001 0

The masking process is essential to excluded the unwanted
coetficients. It is an important step in the lossy compression of digital
speech. We apply masking in our systein after the truncation process.
The selection of masking pattern was done after examining many
samples (about 22 speech files were examined) to choose the pattern
and the minimum and maximum values of the 64 output coefficients of
the DCT. Not all the scale of the output of the DCT were takes, this
will satisfy a reduction in the storage. Table (2) shows the minimum
and maximum values of the 64 output coefficients of the DCT and the
number the bits required for each coefficient. The number of bits are

then used in the line of the codeword assignment.

The number of bits required can be computed after knowing the

minimum and maximum for each coefficient as,
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_ Ln‘min‘ -
Nl= —4+0.9 _ a7
{ Ln(2) ’ J ( )
_ ] Ln|max| |
ND =] - -0.9 o8
) ] Ln(2) ! J ' ®)
N = MAX{N1,N2}+1 ...{9)

Where min, max, and N are the minimum coefficient, maximum
coefficient, and the number of required bits, respectively.

5. Compression Ratio

Speech compression involves with the reducing the size of the
speech data file, while retaining necessary information. The recording’
file is called the compressed speech file and is used to reconstruct the
speech resulting in the decompressed speech. The original speech tifllie
before any compression is performed, is called the uncompressed
speech file. The ratio of the original, uncompressed speech file and the
compressed speech file is referred to as the compression ratio. The
compression ratio is denoted by:

Uncompressed File Size  SIZE;;
compressed Iile Size  SIZE .

Compression Ratio =

...(10)

Table (3) presents the compression ratio of the 64 oufput
coefficients of the DCT.

Figure (6) shows the reconstructed speech after applying the
suggested compression process with attained compression ratio 0.13,
0.25, and 0.34.
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TABLE 2: The Minimum and Maximum Values of the 64 Outpur
Coefficients of the DCT and its Number of Required Bits.

0 508 {207 9
| 61 83 6
2 64 50 6
3 -54 76 6
4 .63 80 6
3 -59 §1 6
6 -120 114 7
7 1o3 219 7
8 -295 23 7
9 167 124 7
10 -168 185 7 i
1 146 136 7
12 02 99 6
13 63 58 6
14 70 64 6
13 66 E 6
16 05 86 6
17 .82 72 6
18 97 63 6
19 -30 52 6
20 21 12 5
21 30 28 5
22 28 24 5
23 9 o 4
24 AT 10 4
23 93 12 3
26 14 i 4
i 13 2 4
28 10 ] 4
29 -4 17 5
30 =98 34 5
3 43 39 6
32 27 22 3
33 -9 18 3
34 12 13 3
35 ST 10 y
30 -Y 9 4
37 -9 6 4
38 S 7 4 —
39 212 8 1
305 e 1 4
1 12 12 4
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42 -10 14 4
43 Y 10 4
44 -6 S5 4
45 -3 3 ] |
46 -2 Z 2
47 -1 2 2
43 -1 | 2
49 -2 2] 2
50 -1 1 2
5l -2 1 2
32 -1 i )
53 -1 | 2
54 -t [ 2
55 -1 1 2
56 -1 2 P
55 -2 1 2
38 -1 1 2
59 -1 1 2,
60 -1 1 2
o1 -1 1 2
02 -1 | 2
03 -1 { 2

Coefficient

Number

Compression Ratio

0 0.016
1 0.029
7 0.041
3 0.053
3 0.064
5 0.076
6 0.090
7 0.104
8 0.117
9 0.131
10 0.145
1 0.158
12 0.170
3 082
4 0.193
15 0205
16 0217
7 0.229
13 0,240
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19 0.25]
20 (0.262
Ll 0.271
22 0.281
23 0.290
24 0.297
25 0305
26 0313
27 0.320
= (1328
29 0.328
30 0.348
31 0.360
e 0,369
33 0.380
34 1.387
33 (.395
36 0.402
17 0.410
38 0418
39 0426
40 0.433
41 0.441
42 0450
43 0.457
44 0465
45 0471
46 0,473
47 0479
48 (0482
49 0,486
50 1.490
S 0494
S2 0.498
33 (0,302
34 0.5006
33 0310
30 0,514
57 03518
AR 0,321
39 0.325
Hi) 0.529
6l (.533
02 (.537
63 .541
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FIGURE 6: (@ originat Speech, @), (c), and (@)

Reconstructed of (a) with Compression Ratio 0.13, 0.25, and
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It is important to mention here, that the attained compression
ratio mentioned in this section is not the final compression ratio of the
speech file. The final compression ratio of a given speech file depends
also on the number of the unvoiced frames may exist in the speech file.

6. Output File Format

In order to record all the information required by the expander
(decoder) to perform the reconstruction of the coded voiced frames; a
single output file was constructed to hold all the information. From the
size of this output file we can determined the ultimate compression
ratio gained by our proposed compression system. The output file
consists of the data, run-length code, and compressed data sections.

The data section consists of the compression ratio used to,
compress the output coefficients of the DCT and the flag (0 or 1) to
assign whether the first collected frames are voiced or unvoiced.

The compressed data section is the quantized indices of the
coetlicients of the DCT, this section which put after the run-length of
the collected voiced frames. Figure 7 shows the output file format
sections.
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4 data

it

% Run -length
code section

v

Compressed dala
section, which may
have data or not (
denends on the run Where : CR is the compression
ratio and

Ficure 7. Run-Length [ile IFormat.

7.Conclusions

Data compression is a technique for reducing the redundancy in
the data system in order to improve the performance of the transmission
to transmit and process true information. Compression methods are
playing an increasingly important role in speech storage and
transmission. Many techniques are now available and many cfforts are
being expended in determining the optimum techniques to use different
type of data.

Although, compression techniques themselves are complex, there
are simple rules that can be used to avoid disappointment. Used wisely,
compression has a number of advantages. Used in an inappropriate
manner, disappointment is almost inevitable and the technology could
get a bad name.
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