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ABSTRACT

Speech coding deals with the problem of reducing the bit rate required for representing
speech signals while preserving the quality of the speech reconstructed from that representation. In
this paper, we propose a novel speech coding technique, not only to compress speech signal at low
bit rate, but also to maintain its quality even if the received signal is corrupted by noise. The encoder
of the proposed technique is based on speech analysis/synthesis model using a sinusoidal
representation where the sinusoidal components are involved to form a nearly resemblance of the
original speech waveform. In the proposed technique, the original frame is divided to voiced or
unvoiced sub-frames based on their energies. The aim of the division and classification is to choose
the best parameters that reduce the total bit rate and enable the receiver to recover the speech signal
with a good quality. The parameters involved in the analysis stage are extracted from the short-time
Fourier transform where the original speech signal is converted into frequency domain. Making use
of the peak-picking technique, amplitudes of the selected peaks with their associated frequencies and
phases of the original speech signal are extracted. In the next stage, novel parameter reduction and
quantization techniques are performed to reduce the bit rate while preserving the quality of the
recovered signal.

Keywords: Speech Coding, Speech Enhancement, Speech Compression, Waveform Speech Coder,
Sinusoidal Model, Source Coding.

1. INTRODUCTION

Due to the redundancy in speech signals, speech coding used to compress speech is one of the
most important speech processing steps. Speech coding or compression deals with the problem of
obtaining compact representation of speech signals for efficient digital storage or transmission and in
reducing the bit rate required for a speech representation while preserving the quality of speech
reconstructed from that representation. Hence, the main objective of speech coding techniques is to
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represent speech signal with minimum number of bits while maintaining its quality. Furthermore,
speech coding techniques are used for improving bandwidth utilization and power efficiency in
several applications such as digital telephony, multimedia applications, and security of digital
communications which require the speech signal to be in digital format to facilitate its process,
storage, and transmission.

Although digital speech brings flexibility and opportunities for encryption, it is also
associated, when uncompressed, with a high data rate and, hence, high requirements of transmission
bandwidth and storage. In wired communications, very large transmission bandwidths are now
available, however, in wireless and satellite communications, transmission bandwidth is limited.
Therefore, reducing the bit rate is necessary to reduce the required transmission bandwidth and
memory storage.

In order to reduce the bit rate of speech signal while preserving its quality, speech coding
provides sophisticated techniques to remove the redundancies and the irrelevant information from the
speech signal. There are two categories of speech coding techniques: i-) techniques based on linear
prediction [1] and ii-) techniques based on orthogonal transforms [1-19]. The techniques belonging
to the first category are very well known [13-19] where one of them, called regular pulse excitation
(RPE), is now used for the GSM standard [1]. The proposed technique described in details in this
paper belongs to the second category.

The encoder, analysis stage, and the decoder, synthesis stage, are the two main components
of any speech coding technique. In the analysis stage, the encoder encodes the speech signal in a
compact form using a few parameters where the analog speech signal s(¢) is first sampled at rate f; >
2finax, Where fuq, is the maximum frequency content of s(¢) and the sampled discrete time signal is
denoted by s(n). Afterwards, one of the coding techniques such as pulse code modulation (PCM),
differential PCM, predictive coding, ... , etc is used to encode the signal s(n). In PCM coding
technique, the discrete time signal s(n) is quantized to one of the 2" levels where each sample s(n) is
represented by R bits. In sinusoidal speech coding [2-9],[12], the encoder takes a group of samples at
a time, extracts some parameters from them, and then converts the extracted parameters to binary
bits. After that, the binary signal is transmitted to decoder. In the synthesis stage, the decoder
reconstructs the parameters from the received binary bits. Making use the reconstructed parameters,
the can recover the original speech signal.

In the proposed technique, sinusoidal speech coding is used to reduce the required bit rate of
a speech signal while maintaining its quality. We first divided the speech signal to sub-frames and
made voiced/ unvoiced classifications based on their energies. In the analysis stage and after
converting the speech frame into frequency domain using the short-time Fourier transform, all peaks
with their associated frequencies and phases are extracted using the peak-picking strategy. In the
next stage, novel parameter reduction and quantization techniques as well as the concept of birth and
death tracking of the involved frequencies are performed to reduce the required bit rate and enhance
the quality of the recovered signal.

The layout of this paper is organized as follows: In section two, the implementation of the
sinusoidal coder is introduced; this is followed by discussion of the proposed technique in section
three. In the last section, the authors present the experimental results and conclusions.

2. IMPLEMENTATION OF THE SINUSOIDAL CODER

2.1. Analysis-synthesis model

A sinusoidal speech model is a vocoding strategy proposed in [1] to develop a new analysis/
synthesis technique characterized by the amplitudes, frequencies and phases of the speech sine
waves. This model has been shown to produce a high quality recovered speech at low data rates [1]-
[12] where the k™ segment (frame) of the input speech is represented as a sum of finite number of
sinusoidal waves with different amplitudes, frequencies, and phases, such that
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s(n):ZP:Ak.sin(a)kn+6’k) (1)

k=1

where A, , @, €, and P represent the amplitude, frequency, phase of the kth sinusoidal wave,
and the number of possible peaks, respectively. It has also been shown that the sinusoidal encoder is
capable of representing both voiced and unvoiced speech frames [1]. In the analysis/synthesis model
and after dividing the original speech signal into small frames, the analysis stage is used to extract
parameters from each speech frame which represent it. The extracted parameters are used at the
synthesis stage to reconstruct the speech frames which should be as close as possible to the original
ones.

2.2. Encoder stage

The encoder processes the speech signal and converts it to a set of parameters, before
quantizing them in order to transmit the resulting binary bits along the digital channel. In the
proposed technique, we focus on minimizing the overall bit rate required to represent the speech
signal while maintaining the perceptual quality of the reconstructed speech. First, the speech is
sampled at 8 kHz and divided into main frames. Afterward, the main frames are categories based on
their energies into voiced and unvoiced frames, so that the unvoiced frame has less peaks as
compared to the voiced frames.

In addition to that, each of the voiced main frames is further divided into N sub-frames which
are also classified according to their energies, so that the sub-frame with higher energy gets more
peaks than that with lower energy. The purpose of these classifications is to extract the best
parameters which represent speech frames to achieve low bit rate and good quality for the
reconstructed speech. The two parts of the proposed encoder stage are explained in the following
subsections.

2.2.1 Peak-picking strategy

In order to make the speech signal wide sense stationary, the length of each main frame
should be small enough. In the proposed technique, the encoder divides the speech signal into (20 to
40 ms) main frames and then transforms them into the frequency domain using the fast Fourier
transform (FFT) technique. A crucial part in a sinusoidal modeling system is peak detection since
the speech is reconstructed at the decoder using the detected peaks only. There are fundamental
problems in the estimation of the meaningful peaks and their corresponding parameters. Most of
these problems are related to the length of the analysis window where a short window is required to
follow rapid changes in the input signal and a long window is needed to estimate accurate
frequencies of the sinusoidal waves or to distinguish spectrally close sinusoids from each other. It is
worth to mention that a Hanning window is used in the analysis stage, since it has very good side
lobe structure which improves the speech quality.

In almost all the sinusoidal analysis systems, the peak detection and parameter estimation is
performed in the frequency domain. This is natural, since each stable sinusoid corresponds to an
impulse in the frequency domain. However, natural sounds are infinite-duration stable sinusoids.

The simplest technique for extracting sinusoidal waves of a speech signal is to choose a large
number of local maximums in the magnitude of the STFT where a peak or a local maximum in the
magnitude of the STFT indicates the presence of a sinusoidal wave. This method, often used in audio
coding applications, is very fast and produces a fixed bit rate. However, to achieve a low bit rate, a
small number of sinusoids should be chosen. A natural improvement of this technique is to use a
threshold for peak detection where all local maximums of the STFT amplitudes above the threshold
are interpreted as sinusoidal peaks.
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In the proposed technique, the original speech is divided into main frames where each of
them is also divided into 6 sub-frames. The peaks are selected by finding the location of change in
spectral slope from positive to negative. A more accurate technique using a parabola that is fitted to
peak and the location of its vertex is encoded as the peak frequency. Usually after performing this
step, around eighty peaks are obtained. The obtained peaks are further reduced by the proposed
reduction techniques, described latter, without significant loss of perceptual information. The
amplitude spectrum is illustrated in Fig. 1.
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Fig. 1: Amplitude Spectral Domain of a Voiced Frame
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After performing the proposed reduction techniques, we extract the frequency locations
corresponding to the detected peaks as well as the significant phases. The last step is to quantize
them before transmitting them to the receiver.

2.2.2. Parameters optimization

In our proposed technique, the encoding of the speech frames is based on selecting the most
important peaks rather than encoding all peaks by dividing the frame to sub-frames and making
proper classifications. The block diagram of our new encoder model is shown in Fig. 2 (a and b). In
this model, the original speech is divided in time domain to main frames. After that, we classify these
main frames to voiced and unvoiced frames using energy threshold where the energy of voiced
frames should be higher than this threshold value while the energy of unvoiced frames is below it. If
the main frame is voiced, it will be divided to N sub-frames. Afterward, we make energy
classification to the sub-frames, so that the sub-frame with higher energy gets more peaks than that
with lower energy. If the main frame is unvoiced, the same procedure is applied but there is no
energy classification and all sub-frames have the same number of peaks which is the number chosen
for the lowest energy sub-frame in the voiced frame. The purpose of dividing the main frames to N
sub-frames and making the voiced and unvoiced classification is to choose the best peaks in these
sub-frames that enable us to achieve a low bit rate and a good quality for the reconstructed speech.

The parameter reduction is one of the most important parts in this model, since most errors
occur in this stage. The aim of this part is to reduce the number of parameters described each main-
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frame to (15-30) parameters. In addition to the proceeding reduction technique, another reduction of
information can come out from quantization process. This justifies our main concern about this topic.
Hence, after classifying the frames and dividing them to sub-frames, the following three encoding
techniques are proposed to reduce the number of parameters.

A. Peak reduction,
B. Phase reduction,
C. Threshold reduction.
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Fig. 2: (a) The Encoder Stage, (b) Parameter Extraction and Reduction stage

This technique is based on selecting the best N sinusoidal waves in each speech frame. The
value of N depends on the required data rate. The following encoding procedure summarizes this

technique:
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1. Selecting the largest peaks for each sub-frame, after converting it to frequency domain.
2. If a group of peaks are close enough to each other, then choose the largest peak to represent
them.

It should be noted that by doing this step, the speech signal is still having a very good quality
which encouraging to go forward to the second reduction technique.

B. Phase reduction technique

This type of reduction aims to reduce the phase parameters which can be performed after
determining whether the sub-frame is voiced or unvoiced where the voiced frame has the following
characteristics:

e [ts energy is greater than a preset threshold.
Its zero crossing is less than that of the unvoiced (also less than a preset threshold value).
e It has a specific pitch value.

Note that the first item of the previous criteria is the most sufficient one to reduce the overall
complexity; therefore, we depend on it in the binary decision process. If the frame is voiced, i.e., it
has a large embedded energy, the encoder extracts its phases. Otherwise, the frame is considered as
unvoiced and, in this case, its phases are estimated using the phase extraction equations proposed by
Mcaulay and Quatieri in [2], [7] or Ahmadi and Spanias in [3], [4]. Once this procedure is
performed, the number of phases is reduced with humble effect on speech quality, since human ear is
less sensitive to phase distortion, so the elimination is justified.

C. Threshold reduction technique

This technique considered as the most efficient one among all reduction techniques described
previously, in the sense that it reduces the number of peaks without affecting the voice perceptual
sense. This technique chooses a threshold value that is very small, so that all the peaks below this
value are eliminated. By doing this, not only the number of amplitudes, but also their corresponding
number of frequency locations and corresponding phases are also reduced. Thus, this reduction
technique reduces the total data rate required for transmission and enhances the recovered speech
frames by filtering the peaks of the noise signal whose amplitudes are less than the threshold value.
At the end of the day, this filtration is an advantageous technique. On the other hand, the increase of
the threshold above a certain value produces a corrupted speech frame because of filtering important
informational peaks. Therefore, the threshold value should be chosen based on exhaustive statistical
study to confirm the optimal value.
After performing these reduction techniques, we end up having S amplitudes and frequencies plus
(0.5 S) phases. In other words, we have: S peaks plus S frequency locations plus (0.5 S) phases for
each main frame. In this paper, we use 6 bits for each amplitude and frequency location and 4 bits for
each phase.

Thus, the required data rate for each frame =(6 S+ 6 S +4 (0.5 S) ) = 14 S bits/frame. The
total data rate R can be computed as:

R =14 S (bits/frame) * N (frame/s) = 14 N S bps.
Some extra bits can also be used for control and error detection and correction. At this point,

we turn to the quantization process which has same degree of importance.
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2.2.3. Modeling and encoding technique

The quantization technique is defined as the process in which the dynamic range of the signal
is divided into number of levels. The number of levels is determined from the formula L= 2* where k
is the word size and L is number of distinct words. We assigned each level to a specific word after
rounding the sample to the nearest level. This kind of quantization is called PCM.
In our model, the different techniques described in the next subsections are used to encode phase,
frequency location, and amplitude of each sinusoid.

A. Sinusoidal phase modeling and encoding

The bits used to quantize the phases can be reduced by minimizing their entropy. In order to
minimize the entropy of the phases, the encoder predicts differentially a phase from its past value
and encodes the phase difference rather than the phase itself which has less entropy than the actual
phase [3]. The differentially predicted phase is given by

0f =0/"+o/"'T 1=12,..L, 2

where the superscript k denotes the frame number, @/ is the (! ) sinusoid, T is the time interval
between frames, and L is the number of sinusoidal components. The phase differences or residues
are expressed as

A0F =60 —0F 1=12,.L 3)

where the actual phase is used to estimate the phase difference A 6, .

B. Sinusoidal frequency encoding

After transforming the speech frames into the frequency domain using the STFT strategy, the
frequency location indices are integer values, i.e., in Matlab, the spectrum has 512 points in both
sides. By taking one side (256 points) that represents the frequencies contained within one frame,
frequency locations are from 1 to 256 which corresponding to the frequency range from 0 to 4000 Hz
where (4) is used to get the frequency rang:

. 4000
frequency = (location —1). W 4)

The minimum number of bits required to encode each frequency location is 8 bits which is
the normal case, however, in this model, the situation looks different, where only 6 bits per location
are used and the results are almost similar. In the proposed model, the first frequency location
represents low frequency components and the last frequency location represents high frequency
component. Hence, we do not need to spend the same number of bits for each frequency location
where higher frequency locations correspond to the high frequency components which have less
effect in speech perception. Therefore, higher frequency locations can be quantized using fewer bits
than lower frequency locations. This reduces the bit rate while keeping the speech quality almost the
same. Hence, to implement this idea, we developed the following procedure:

1. Dividing the frequency locations by the STFT size to normalize the frequency location vector,
and then we obtain (f,).
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2. The normalized frequency location vector is transformed to anther domain (u,) to reduce the
number of bits used to encode each frequency location where (u,) is given by

_ (log,(1+4.£,)-0.072) 6
" 1.528 '

(&)

After calculating U,,, we obtain values within the range of (1-64). Note that equation (5) is similar
to p-Law used in digital signal processing to compress the speech signal.

3. Round the result and then convert resulting value to binary.

C. Sinusoidal amplitude encoding

This technique is also important since the amplitude is susceptible to any change in it due to

the quantization process. Therefore, we proposed an encoding technique that increases the resolution
in order of (6-12) times than the resolution of the PCM. Let us assume that we have amplitudes:
x(n) = [amp;, amp,,...,ampy) where N is the number of the considered peaks, then the proposed
encoding technique is summarized as follows:

1.

Take Log,(x,) of the amplitude, in order to reduce the dynamic range.

2. The results of the first step are all negative, since all amplitude involved are less than unity.

3.

®© =N

9.

10.
11.
12.

The resulted dynamic range from the previous two steps is (-1,-20), because the lowest
amplitude is 10 which is our predetermined threshold.
Take the absolute value of the results and then multiply them by () where the value of (B) is

chosen to be 3 to make the dynamic range (1-64). Then, extract the values of ¢, using (6).

Sort the amplitudes (4.) in ascending order together with the associated phases and
frequencies as a bundle. This step is justified because we note that there is a small difference
between successive amplitudes in the same frame.

Take the integer part in the first amplitude 4o (floor) and convert it to binary (4o ).
Subtract the value found in the step 6 above (4 o ) from all other amplitudes (¢ . ).
Multiply the next amplitude (¢ . ) by a number (o) in the range (6-12).

Floor the value found in the previous step (4 : where i=1,...,N-1)

Convert the result to binary.

Subtract all remaining ¢ . ’s by the output of the step 9 divided by «.
Repeat steps (8-11) until you finish 2, ’s.

The general equations that represent the amplitude quantization are given by

a, = B.abs (log , (x(n))) (6)

q, = Floor [(a,)] 7
N-1

q,= Floor{a.an —lag, + 261,» ]} (8)
i=1
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2.3. Decoder stage

The decoder is used to reconstruct the original signal by decoding the parameters extracted in
the encoder stage as shown in Fig. 3. These parameters are then used to reconstruct the speech
frames by linearly summing the sine waves of different amplitudes, frequencies, and phases.

2.3.1. Decoding strategy

This strategy converts the received binary representation of the parameters to a decimal form.
Three decoding techniques for the amplitudes, frequencies, and phases are required to recover them.
The reconstructed parameters should be as similar as possible to the original ones.

A. Phase decoding technique

This process can be summarized as follows:

1. Dequantize the received binary bits corresponding to the phase differences.

2. Predict the phases from their past values using equation (2).

3. Add the estimated phase found in the previous step to the phase difference found in step 1.

B. Frequency decoding technique
1. Convert the received binary bits to decimal form #, .

2. The estimated normalized frequency location vector (z,) is reconstructed from #, using equation
(9) which is the inverse of equation 5, given by:

_ (exp(0.072 + 0.023875 .i1,) — 1)

9
: y ©)
3. Round 2. .
C. Amplitude decoding technique
Convert the binary signal to [qo, qi,-..., ], then we find
dy=q,
dy=q,+ &
a
d, =q,+ < + &
a o
_ - 4
d,=q,+3 "+ (10)
-

where n+1 is the number of considered peaks. Note that after performing this step, the maximum
error occur at n = 0. However, this error is very small. To reconstruct the signal parameter
amplitudes (y,), we use the following equation

(‘)
R (an
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3. ADVANTAGES OF THE PROPOSED SPEECH CODING TECHNIQUE

From the previous described section, we can conclude that the proposed speech coding technique

Enjoys a very efficient and effective encoding and decoding procedure.

Gives a reconstructed speech signal with high quality.

Reduces the data rate to (3.6-8) kbps.

Enhances the original signal when the received speech signal is corrupted by additive noise.
Does not depend on a pitch (the fundamental frequency).

Can be considered as a noise immune.

Reduces the total required transmitted power due to minimizing the required bit rate.

Allows error detection and correction procedures.

4. EXPERIMENTAL RESULTS

1.

98]

From literature it is advised to use a window size equal to 2.5 times the average pitch.,
therefore, the size of the main frame is between (20-40) ms. This means that the overlap and
add percentage is 33.3% at the transmitter, and the FFT size is equal to 512 points.

After an exhaustive statistical study, the threshold value used in Sec. 2.2.2-C is selected to be
less than (10°°). As explained in Sec. 2.2.2-C, this step is to reduce the total number of peaks.
Hamming window is employed.

The data rate of the proposed technique is between 3.6 kbps to slightly less than 8 kbps. We
remark that for high quality speech, the data rate is less than 8 kbps where the remainder of bits
can be used for controlling and error detection and correction.

At the decoder, we perform an overlap and add with percentage equal to 50% to eliminate
discontinuity of the received speech.
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S. CONCLUSIONS

In this research, we propose a computationally efficient low bit rate speech coding technique
based on the sinusoidal model with efficient speech enhancer. The proposed technique can
reconstruct the transmitted speech signal at the decoder with good quality and intelligibility, even if
it is corrupted by a thermal noise, at bit rate from 3.6 to 8 kbps. In our speech coding technique, we
propose novel encoding techniques to minimize the total number of parameters extracted from
frequency domain, i.e., amplitudes, frequency locations, and phases. The significant one is the
threshold technique which not only reduces the number of parameters but also enhances the
recovered speech signal. After that, we introduced new techniques, i.e., phase coding, amplitude
coding, and frequency coding, to model and encode these parameters efficiently.
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