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ABSTRACT

A practical method for measuring the characteristic parameters of audio signals is introduced. This paper gives the 
derivation of the formula of mathematical model and expounds the theoretical basis of the measurement of the 
characteristic parameters of the audio signal. In this paper, the reason of error of measuring frequency and amplitude 
of the Fourier transform method is analyzed, and the mathematical model for improving measuring accuracy is 
established by data fitting. By MATLAB simulation, the simulation of the Fourier transform method can be used to 
measure the characteristic parameters of audio signals.  
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1. INTRODUCTION

Audio signal processing in mechanical equipment vibration testing, boiler 
tube leak detection, noise analysis is widely used. The audio signal by the 

frequency, sampling frequency and the number of quantization bits of 
digital audio is different, can be divided into four categories: narrowband 

speech (300~3.4KHz), wide band speech (54~7KHz), digital audio 

broadcasting (20~15KHz), high fidelity stereo audio signal (20~20KHz) 
[1,2]. The sound has its quality characteristics, mainly embodied in three 

aspects: tone frequency, intensity, and timbre [3]. Human contact sound is 

generally not a single frequency tone most of it is made of a combination 

of frequency and amplitude of acoustic wave [4]. We need to find a sound 

frequency requirements in spectrum analysis. 

At present, the main method of audio signal analysis and processing is 

using digital signal processor (DSP) with digital Fourier transform (FFT) 

algorithm to achieve the, the utility model has the advantages of fast 
computing speed, direct access to the results of operations, for laboratory 

use. The disadvantage is the high cost of circuit, high power consumption, 
the use of limitations in industrial production is very prominent [5]. 
Therefore, this paper proposes a method of using analog Fourier 
transform circuit to measure the audio characteristic parameters. The 

circuit is low cost, low power consumption, and easy to product. 

2. Basic Principle of Measurement

When audio signals are processed by Mike and amplifier circuits, they can 

be equivalent to the following formula: 
x(t) =  Um sin ω1t                                           （1）

For the upper audio signal, the characteristic parameters are frequency 

and amplitude.The trigonometric series of square wave signals are 

expressed in intervals (0, T): 

f(t) = Un[sin ωt +
1

3
sin 3ωt +

1

5
sin 5ωt …]                       （2）

The square wave signal expansion trigonometric series can be expressed 

in Figure 1. 

The square wave signal expansion trigonometric series can be expressed 
in Figure 1. 

The audio signal of formula (1) is worked out with square wave signal 

constructed by formula (2): 

f(t) ∗ x(t) = Un ∗ Um [sin ω1t ∗ sin ω2t +
1

3
sin 3ω2t ∗ sin ω1t +

1

5
sin 5ω2t ∗ sin ω1t + ⋯ +

1

n
sin nω2t ∗ sin ω1t]        （3

） 
Formulas (3) are computed by item by product and differential 
operations: 

f(t) ∗ x(t) =
Un∗Um

2
[cos ( ω1 + ω2)t − cos ( ω1 − ω2)t + ⋯ +

1

n
cos ( ω1 +

nω2)t −
1

n
cos ( ω1 − nω2)t]    （4） 

The low-pass filtering to the formula (4): 
F(t) =

Un∗Um

2
cos( ω1 − ω2)t    （5） 

If the amplitude of square wave signal Un = 1, the amplitude of F(t) will
be half of the amplitude of measured audio signal x(t), and frequency of 
F(t) is the difference of square wave signal and measured audio signal x(t). 

3. STUDY SPECIFIC PROCESSING METHODS OF FREQUENCY AND

AMPLITUDE MEASUREMENT 

3.1 Realization method of frequency measurement 

Theoretically, the square wave infinite subdivision frequency point 

scanning is adopted, the frequency of F(t) is strictly synchronous, filter 

output F(t) is direct-current, its voltage can be directly reflected the 

amplitude of x(t). The frequency of square wave is the frequency of x(t). 
But taking into account the actual situation of the project, during the 
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scanning process, the frequency of measured signal x(t) can be 

represented:  

𝑓𝑥(𝑡) = 𝑓𝐹(𝑡) + 𝑓𝑓(𝑡)   （6） 

3.2 Realization method of amplitude measurement 

A sine wave is a projection of a circular motion in a straight line, as shown 

in Figure 2, so the amplitude of it can be solved by orthogonal 
decomposition. 

Figure 2: Sine wave generation 

Using the phase difference of 90 degrees of the two square wave signals 

respectively do multiplication and the measured signal, low pass filter is 

obtained after the phase difference of 90 degrees of two sine wave 

synchronous sampling of the two-sine wave, can be equivalent to the 

orthogonal sinusoidal signal decomposition. if synchronous sampling 

results for a, b. The amplitude of the unknown sine wave can be calculated 

as Vm. 
Vm = √a2 + b2     （7） 

4. VERIFICATION

4.1 Single path scan modeling simulation 

In the SIMLINK simulation module of MATLAB, building the model shown 

in Figure 3. The measured sine wave signal and square wave product are 

calculated and then output F(t) by four order low-pass filtering. In figure 

4, the measured signal x(t) and the square wave signal y(t) have the same 

frequency and output F(t), and the result is only the DC component. In 

Figure 5, the measured signal x(t) and square wave signal y(t) frequency 

differ 20Hz, and the output F(t) is 10Hz sine wave. From the simulation 

waveform parameters, it can be seen that the F(t) agrees with the formula 

(5) and (6).

Figure 3: One way scanning simulation model 

Figure 4: X (T) and f (T) have the same frequency and phase 

 Figure 5: X (t) and f (t) frequency differs 20Hz 

4.2 Double path scanning, orthogonal decomposition, modeling, 

simulation 

In the SIMLINK simulation module of MATLAB, build the model shown in 

Figure 6. The measured signal is selected as sinusoidal signal, After the 

product of square wave signal f1(t)、f2(t)with 90 phase difference of two
degrees, output F1(t)和F2(t) after four steps low-pass filter. In theory,
F1(t)and F2(t) are same frequency, same amplitude, phase difference of 90
degrees, which is verified in the simulation results of Fig. 7. Synchronous 

sampling of F1(t) and F2(t) is the A and B in formula (7), the actual
amplitude Vm of the signal can be calculated. 

Figure 6: Orthogonal decomposition model of dual path scanning 

Figure 7: Simulation waveforms of orthogonal decomposition of dual 
path scanning 

5. AMPLITUDE CORRECTION

When the signals of same amplitude are scanned by different frequency 

square wave signals, the amplitude of the output signals is different due to 

the low-pass filter characteristics, and this phenomenon will affect the 

measurement accuracy [6]. In order to solve this problem, the measured 

data are used to fit the function between the frequency difference and the 

amplitude attenuation coefficient, which is used to correct the 

measurement error caused by the low pass filter. 

Table 1: Frequency and amplitude parameters 

Frequency 
difference x 0 20 40 60 80 100 

Amplitude 
correction 
factor K 

1 0.99 0.84 0.74 0.58 0.50 
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Using MATALB, draw the fitting curve shown in figure, as shown in Figure 

8: 

Figure 8: f(t) simulation function curve 

Approximate expression of amplitude correction coefficient k(x) and 
frequency difference x [7]: 

k(x) =
9514

x2 − 2.754 ∗ x + 9480

According to{
V1 = V ∗ k(x)

V2 = V ∗ k(n − x)
, among them, V1，V2 are the measured

amplitudes of the signals to be measured at adjacent known frequency 
points f1 and f2; n=f2-f1 is the sweep stepped value;  V is the actual
amplitude of the signal to be measured; X is the frequency difference 
between the measured signal frequency and the sweep frequency point f1; 
(n-x) is the frequency difference between the measured signal frequency 
and the sweep point f2. Through the above formula, we can calculate the 
actual amplitude of V and X, and V is the measured signal, f1 + x  is the 
frequency of the signal to be measured. 

6. CONCLUSION

The characteristic parameters of the audio signal can be measured by the 
analog Fourier transform, and the accuracy of the signal amplitude can be 
effectively improved by setting up the actual correction model. This 
method has low requirement for processor speed and peripheral signal 
processing circuit and can effectively reduce system cost. This technology 
has been applied in the leak monitoring system of boiler pressure pipeline, 
and it has important reference value for solving the problem of signal 
spectrum analysis and measurement. 
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