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Abstract: In this paper we will study an important part of the speech signal processing, the reconstruction of the signal. We will use the
Newton interpolation method with a deterministic model and warped frequencies in order, maybe, to get a better reconstruction process of
the signal. To determine the efficiency of the method we will use two criteria like: accuracy of reconstruction, noise stability. Then we will
test this algorithm using the criteria that we proposed above versus the classic Yen's algorithm. At the end of our experiment we will see that
in noise stability our algorithm performs better but not in the reconstruction accuracy. In overall Yen’s algorithm performs slightly better.

1.0 Introduction signal, maybe a new interpolation method for the same data point in
One of the most used interpolation methods for interpolating datais ~ SPeech signal can give us at least the same ore a better
Newton’s finite differences. Newton interpolation is the first apporoximation [1]. In general Newton’s finite differences is the
systematic approach to define interpolation as a mathematical tool. following function

It can be seen from the reference [] that using a Lagrange
interpolation is a method that gives a good reconstruction of the

Py (x) = ag + ay (x — xp) + az(x — x0) (x — x1) + - + @y (x — %) (x — x1) . (X — X 1)
For the given function f and nodes xi,i=0,1,....n-1 we will name the formula below as Newton’s formula of divided differences of the first
order.
fx_ix_(i+1) ]=(F(x_(i+1) )-f_i)/(x_(i+1)-x i) , i=0,1,...n-1
Using the formula for the first order we can progress to the differences of the second order and so on.
fx_ix_(i+1),x_(i+2) ]=(F[x_(i+1),x_(i+2)]-f[x_(i+D)D/(x_(i+2)-x i) , i=0,1,...,n-2
On the same way we denote the differences of the other orders, order k for k<n :
fIx_i,x_(i+1),....x_(i+k) I=(f[x_(i+1),x_(i+2),....x_(i+k) ]-[x_i,x_(i+1),...,x_(i+k-1) DI(x_(i+k)-x 1) i=0,1,...,n-k.
Easily we can prove that ,i=0,1...,n in 5.3 contains
a_0=f(x_0)
a_1=f[x_0,x_1]
a_2=f[x_0,x_(1,) x_2]

2'17n=f[x70,x7(1 J)-eenX 0]
By substituting in 5.3 we get the formula for the interpolant function of Newton’s divided diffrences.
P_n (x)=f(x_0 )+f[x_0,x_1 1(x-x_0 )+f[x_0,x_(1,) Xx_2 J(X-X_0 )(x-x_1 )+---+fx 0,x (1,)......x n](x-X_0)(X-x_1)...(x-x_(n-1)) (5.4)

But for speech signal like in our case with non-uniformly follows; split the infinite time axis into two semi infinite lines from
distributed energy in frequency as commonly found in audio the time t = O location, keep the leftmost points (the negatives) in
programs, signal modeling in a warped frequency scale allows for their uniform positions and shift the whole rightmost points equally
model-order reduction [2]. As regards the model estimation method an arbitrary amount to the right or left [3]. The resulting final grid is
is using MATLAB and its’s algorithms, since it guarantees a fast composed of two semi-infinitely long right and left lines with a
answer in order to check if we have a stable model which is break point at t = 0 location [4,5,6].

essential for the interpolation In order to reconstruct the speech

signal as in it prime. In this paper, we present a frequency-warped 3.0 Experimental results

version Yenl and Yen2 algorithms method and show the benefits of Yen's algorithms are computer programs that we use to do certain

its use in interpolation of long gaps. tasks. We're talking about how well these algorithms work when we

simulate them on a computer.
2.0 Yen 1 and Yen 2 Algrorithms In the simulations, we're mainly looking at how accurately the
2.1 Yen 1, Finite number of nonuniform samples algorithms can estimate or fill in values between known points.

From a uniform sample point distribution a finite number of N We're testing this accuracy in two ways. First, we're checking how
points are migrated to new nonuniform sampling locations. The ~ Well the algorithms work with different types of signals (like
resulting grid map consists of a finite number of nonuniform points ~ SPecific patterns of data). Second, we're seeing how the accuracy

embedded in an infinite number of uniform samples. changes when the known points are arranged differently.
Conditions on distribution: The number of immigrant points should ~ For the first part, we're using three types of signals: one that's
stay finite. Distributions are completely random. Expression of the ~ limited in time and bandwidth, another that's a chirp signal, and a

distribution: The new nonuniform sampling instants are labeled ast ~ third that's a truncated cosine signal. Each of these helps us
p.,p=12.., N . The corresponding uniform sampling point understand how well the algorithms perform with different kinds of
indexes are labeled as np , p = 1,2,..., N . Where each element of np  data. . . .

is the corresponding uniform sample index for the pth nonuniform  TO test the second part, we're keeping the type of signal fixed and
point. 19 Theorem 2.1 [Yen 1]: If a finite number of uniform  changing how the known points are arranged. This helps us figure
sample points in a uniform distribution are migrated to new distinct ~ Out how the arrangement of points affects the accuracy of the

positions p t =t , thus forming a new distribution denoted by mt=1 algorithms. o
, the bandwidth limited signal remains uniquely defined. The We're doing these tests multiple times to make sure our results are

reconstruction of the signal is £ (t) = X5 f (T )P (£) reliable. Throughout the tests, we're also stating the length of the
signals and using short names for the algorithms, like "Yen 1" for
2.2 Yen 1, Finite number of nonuniform samples finite nonuniform sampling.

2.1.2 Semi infinite nonuniform samples, SINS (Yen 2) Definition of ~ One of the algorithms, SINS, has some limitations in terms of how
sampling strategy: This algorithm defines the nonuniformity as  the known points are arranged. Even though it performed
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Interpolation Outputs for Time and Band-Limited Signal

reasonably well, we won't include it in the overall evaluation

because of these constraints.
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Figure 4: Truncated cosine signal

In Figure 3, the errors in interpolation for Yen's classical algorithms
are illustrated. Notably, Yen 1 and Yen 2 exhibit nearly identical

although

performance, with Yen 2 slightly outperforming Yen 1,
this subtle difference may not be easily discernible due to the

scaling of the figure. Conversely,

The final segment of the simulations, focusing on performance
concerning signal types, demonstrates how well the algorithms

interpolation lags significantly

maintaining a consistent interpolation error

perform with a truncated cosine signal. Unlike band-limited signals,

behind Yen 1 and 2
floor at approximately

the truncation at the signal's ends makes it non-bandlimited.
Nevertheless, the signal's content appears to exhibit bandlimited
characteristics. Figure 5 illustrates the autocorrelation of the
sinusoids, revealing that the signal is a periodic wave with a high

degree of correlation.

noise ratio (SNR)

to-

35 dB as the signal-

Yen 1 and 2 showcase a remarkable

120 dB in this simulation.

surpasses 36 dB. In contrast

reaching as low as

accuracy,
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Uniform and Nonuniform Samples of Truncated Cosine Signal
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Figure 5 : A truncated cosine signal and then generates nonuniform
samples using linear interpolation. The first subplot displays both
uniform and nonuniform samples of the truncated cosine signal,
while the second subplot shows the nonuniform sampling grid.
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Figure 7: The chirp signal to be applied to the interpolator
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Experimental Results

Examining Figure 3 reveals a crucial characteristic common to all
interpolators. It is evident from the figure that each interpolator
based on sinc functions has an upper limit to its interpolation
accuracy, irrespective of the presence of noise. This limitation is
indicated by the flattened sections of the mean squared error (MSE)
curves. These flattened portions signify that, regardless of how high
the signal-to-noise ratio (SNR) is or how low the noise power is, the
interpolation error will not go below a certain minimum value. This
minimum value represents the absolute performance of each
interpolator.

To elaborate, the absolute performance of the Choi algorithm is

54

approximately -10 dB, while the ANS (Yen 1&2) demonstrates an
absolute performance of around -40 dB. Additionally, the plot
indicates that the interpolators RNS and FNS do not display a
flattening portion. This lack of flattening suggests that their absolute
performance is below -120 dB, a threshold not reached in the test,
preventing its observation.

Truncated Cosing Signal and its Interpolation
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Figure 6: A truncated cosine signal, performs interpolation, and
calculates the LSE between the original signal and the interpolated
signal. The first subplot displays the original and interpolated
signals, and the second subplot shows the LSE over time.
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Figure 8: Results of chirp signal interpolations
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