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1. Acoustic wave propagation in a sensor port: Experimental measurements and analytical model predictions
Man Zhang, Wayne Thompson, Abdelkader Frendi, Matthew J. Casiano
Abstract
In this paper, results from an experimental study on pressure fluctuations in a sensor port are presented. The sensor ports are attached to a large flat plate over which plane acoustic waves propagate. In addition, an analytical model is developed by solving the acoustic wave equation subject to rigid and pressure release boundary conditions. The experimental data is used as input to the model from one end of the sensor port in order to predict the pressure fluctuations at the other end of the sensor port. Two sensor ports are used; a short and a long one. The short sensor port resonates at 1000 Hz, whereas the long sensor port resonates at 245 Hz. The acoustic source generates harmonic and random plane acoustic waves, which can be modeled easily. Pressure fluctuation measurements are made both on the plate surface and inside the sensor ports for various plane wave inputs; harmonic and random. Power spectra, sound pressure levels and transfer functions are then obtained at the various microphone locations. The experimental results for the short sensor port show an amplification factor of 45 between the inlet and the rigid end of the sensor port at a frequency of 1000 Hz. For the long sensor port, the amplification is nearly 50 at a frequency of 245 Hz, with lower amplifications at higher frequencies. Using the measured power spectrum at the rigid end of the sensor port for a random plane wave input, the absorption coefficient is calculated using the half-power law. Using this absorption coefficient in our analytical model, predictions were made at both ends of the sensor port using experimental data as input. The model predictions for both sensor ports are in good agreement with experimental data.
2. Optimization of geometrical parameters for a supporting structure with two installed coherent machines
Zhen Wang, Cheuk Ming Mak, Dayi Ou
Abstract
It is common to have two or more vibratory machines of the same type mounted on the same supporting structure. These vibratory machines transmit structure-borne sound to adjacent walls or floors and the structure-borne sound is eventually emitted as noise into indoor spaces. The interactions of the mounting points among coherent machines increase the structure-borne sound power transmission significantly at some frequencies and decrease it considerably at some other frequencies. However, there is still no general design frameworks of supporting structure optimization strategy that target on minimizing structure-borne sound power transmission by utilizing the interactions of the mounting points among coherent machines properly. This paper for the first time develops a practical design framework to obtain an optimal set of geometrical parameters for a supporting structure by using a genetic algorithm with parametric finite element models. A steel-made supporting structure with two coherent fans installed on were analyzed. Experiments were conducted to obtain the source mobilities and free velocities of the coherent fans that are required for the calculation of structure-borne sound power transmission. Parametric finite element analysis was conducted to obtain the receiver mobility of the supporting structure. A genetic algorithm solved the optimal solution. The results shown that the proposed approach is sufficiently capable of minimizing the structure-borne sound power transmission on a supporting structure with coherent machines mounted on a supporting structure.
3. Improving the shape of the cross-correlation function for leak detection in a plastic water distribution pipe using acoustic signals
Yan Gao, Michael J. Brennan, Yuyou Liu, Fabrício C.L. Almeida, Phillip F. Joseph
Abstract
This paper is concerned with time delay estimation for the detection of leaks in buried plastic water pipes using the cross-correlation of leak noise signals. In some circumstances the bandwidth of over which the signal analysis can be conducted is severely restricted because of resonances in the pipe system, which manifest themselves as peaks in the modulus of the power spectral and cross spectral densities, and deviations from straight-line behaviour in the phase of the cross spectral density. The result can be a cross-correlation function in which it is difficult to estimate the time delay accurately. This paper describes a procedure in which the shape of the cross-correlation function can be significantly improved, resulting in an unambiguous and clear estimate of the time delay. The frequency response function(s) of the resonator(s) responsible for the resonance effects are first determined and then the data is processed using the model(s) of the resonators to remove these effects. This enables more signal processing to be conducted, potentially over a much wider bandwidth, further improving the shape of the cross-correlation function. The process is illustrated in this paper using hydrophone measured data at a leak detection facility. The current limitation in the process is that it is carried out manually, which could potentially restrict its application in practical acoustic correlators. The challenge now is to develop an algorithm to carry out the procedure automatically.
4. Auralization of railway noise: Emission synthesis of rolling and impact noise
Reto Pieren, Kurt Heutschi, Jean Marc Wunderli, Mirjam Snellen, Dick G. Simons
Abstract
Within the research project TAURA, a traffic noise auralization system was developed that covers road traffic and railway noise. This paper focuses on an emission synthesizer for railway noise and presents a concept for rolling and impact noise. The synthesis is based on a physical approach in which the noise generation mechanism is modeled in the time domain. As a starting point, equivalent roughness patterns of each wheel and the rail are generated. These spatial signals are used to implicitly model the mechanical excitation of the wheel/rail system. Transfer paths describing the vibrational behavior and the radiation of wheels and rail are implemented as digital filters. This approach features a high degree of flexibility but requires knowledge of the detailed model parameters.
5. An improved EMD method based on the multi-objective optimization and its application to fault feature extraction of rolling bearing
Tai Guo, Zhongmin Deng
Abstract
An improved Empirical Mode Decomposition (EMD) method based on the multi-objective optimization is proposed in this paper and is applied to extract the fault feature of rolling bearing with inner and outer race fault. Firstly, a new rational spline interpolation which has a shape controlling parameter is introduced based on cubic spline interpolation. Secondly, the selection criterion concluding time domain objective and frequency objective are considered simultaneously rather than separately. Then, the Particle Swarm Optimization (PSO) is used to find out the optimal IMF and determine the optimal shape controlling parameter. The procedure of the improved EMD based on multi-objective optimization (MO-EMD) is described in this paper. The effectiveness of MO-EMD is validated by the simulation signal and the robustness of MO-EMD to noise is also investigated. At last, the MO-EMD is employed to process the vibration signals of rolling bearing with fault. By comparison with original EMD, EEMD and improved CEEMDAN, it can be found that the MO-EMD has better decomposition capability and can restrain the mode mixing apparently. Combined with envelope spectrum analysis, more fault feature information can be extracted by MO-EMD.
6. Acoustical properties of novel sound absorbers made from recycled granulates
Amir Khan, Mostafa Mohamed, Naeem Al Halo, Hadj Benkreira
Abstract
This study investigates the acoustic performance of materials made using various amounts of bio-binder (cis-1,4-polyisoprene). The filler used in making these materials was from recycled tyres which consist of nylon 6,6 fibres bonded to rubber grains known as tyre shred residue (TSR). The materials have shown high acoustical performance especially at low binder levels, due mainly to the open porosity of the tested samples.
The paper begins with a discussion of materials made using recycled granulates. The macroscopic properties (e.g. flow resistivity, porosity, tortuosity, etc.) that control the acoustical behaviour of these materials are then defined as are methods for their measurements. The acoustical characterisation of porous media is considered next, followed by discussion of the acoustic performance of the materials. The characteristics of these novel materials are illustrated through experimental and theoretical models involving sound absorption and transmission.
7. Influence of the search radius in a noise prediction software on population exposure and human health impact assessments
Rodolphe Meyer, Catherine Lavandier, Benoit Gauvreau, Enrico Benetto
Abstract
Engineering software products allow for quantifying environmental noise and a population's exposure to road traffic noise which can then be linked to human health damage. This paper investigates the impact of the search radius, a parameter used in emission and propagation models, on noise exposure results. The search radius is the threshold distance from which noise sources are not considered anymore in the exposure assessment. To understand the influence of this parameter on the evaluation of population’s exposure, the search radius has been successively fixed to three different values (500 m, 1000 m and 2000 m) in four different geographical situations (village, industrial, suburban and inner city). The result of this investigation highlights several points. First, despite a search radius often fixed to 1000 m by noise prediction software users, going up to 2000 m shows significant increase in population’s exposure. Second, the impact of a change in search radius is very dependent of the presence of preponderant noise sources. Third, increasing the search radius can quickly lead to an impractical calculation time. A solution to avoid underestimating the exposure without increasing too much the calculation time may be to only account for preponderant noise sources beyond a given distance.
8. Individual-activation-factor based novel approach for acoustic feedback suppression in hearing aid
Vasundhara, Ganapati Panda, N.B. Puhan
Abstract
The conventional adaptive filtering algorithms do not perform satisfactorily while modeling sparse impulse response of the feedback path of hearing aid in the presence of real input signals which are colored in nature. Furthermore, the high computational overhead of these adaptive feedback cancelers (AFC), make the situation difficult for a real-time, power and area constrained device like hearing aid. In an endeavor, to overcome these limitations, a de-correlated memory proportionate affine projection-like algorithm (DMPAPL) with individual-activation-factor (IAF-DMPAPL) is proposed for improved acoustic feedback cancellation in hearing aids. The concept of individual activation factor results in better distribution of the adaptation energy over the adaptive filter taps while estimating sparse impulse response. An adaptive de-correlation filter along with memory of previous proportionate gain factor employed to affine-projection-like algorithm offers improved modeling accuracy along with reduced computational cost. The corresponding update rule and bound on the learning rate of the proposed feedback cancellation system has been derived. Extensive simulation study demonstrates the efficacy of the proposed AFC over other methods for various real input signals in case of different feedback path scenarios.
9. A two-dimensional approach for sound attenuation of multi-chamber perforated resonator and its optimal design
Rong Guo, Li-ting Wang, Wen-bo Tang, Shuai Han
Abstract
A two-dimensional (2D) method is investigated to predict the acoustic performances of single-chamber perforated reactive resonators. The effect of non-planar wave propagation on the acoustic performance of acoustically short and long resonator is studied. A desirable resonance behavior appears in acoustically short chamber substantially below the cut-off frequency due to non-planar wave propagation. Adding inlet/outlet extensions has similar effects to that of reducing perforation rate on acoustic performances for short-length perforated resonators. Based on the 2D approach, a 2D transfer matrix method (TMM) is developed through solving the acoustical continuity functions under two outlet boundary conditions to predict the acoustic performances of multi-chamber perforated resonators (MCPRs) which can attenuate broadband noise. Comparisons between the calculations and tests show that the 2D TMM is much more accurate than one-dimensional approach within entire frequency range. In order to evaluate its engineering applicability, a new optimization procedure including a targeted transmission loss curve and a reasonable objective function is introduced to optimize the structure parameters of a MCPR with three chambers using a genetic algorithm. The result can meet the target well at desired frequencies under space constraint. The theoretical method developed in this work can be used for the calculation and optimization of MCPRs in various applications.
10. Analysing the effects of phase sensitivity in low frequency primary microphone calibrations
R. Nel, B.G. van Zyl, L.W. Snyman
Abstract
Phase sensitivity data, in pressure reciprocity calibrations, has largely been overlooked due to the focus historically mainly only been on the modulus data. This study presents the low frequency variations that were observed between the modulus and phase sensitivities of LS2P microphones using multiple plane-wave couplers. It is shown that low frequency phase sensitivity data is more sensitive and is influenced more by the coupler and microphone geometries. Using plane-wave couplers with a longer cavity length, i.e. larger volumes, produces the best results. Differences has been observed between modulus and phase sensitivity data in the frequency range 1–100 Hz, which brings attention to the relevance of also evaluating phase sensitivity data more closely in the context of primary pressure reciprocity calibrations and not only the modulus data. It is observed that complex sensitivity data, more specifically phase sensitivity data has more relevance than just that of determining the resonant frequency of Laboratory Standard condenser microphones. Measurement uncertainties relating to low frequency reproducibility are also presented and it is shown that the uncertainties related to the phase sensitivity low frequency reproducibility are more prevalent than for the same modulus data. Evaluation of low frequency phase sensitivity data has resulted in a 66% smaller phase uncertainty of measurement at 1 Hz. It is concluded that smaller low frequency uncertainties can be obtained by using longer plane-wave couplers and that phase sensitivity data can be utilised as an analytical tool for improving low frequency measurement accuracy.
11. Analysis of the incipient cavitation noise signal characteristics of hydroturbine
Ziyang Kang, Chi Feng, Zhiliang Liu, Yan Cang, Shan Gao
Abstract
Hydroelectric power is widely used because of its environmental, renewable and green. The cavitation is inevitable phenomenon during the operation of hydroturbine which is related to the efficiency and service life of the unit. This paper is devoted to discriminate the phenomenon of the incipient cavitation, prevent the destruction early, and avoid the irreversible damage to hydroturbine.
In order to find the characters of incipient cavitation. Use the method of wavelet time-frequency analysis and wavelet packet decomposition to process the cavitation noise signals. Use the value of peak factor and slope of power spectral density curve as a threshold when incipient cavitation to judge whether the cavitation occurs. The results shows that the characteristics of incipient cavitation can be detected in the auditory frequency band. The wavelet time-frequency analysis of noise signals can distinguish the different operating conditions, also can discriminate between the phenomenon of incipient cavitation and the other state of cavitation by visual observation. The wavelet packet decomposition can obtain the feature frequency of cavitation signal is 10–13 kHz. The way of judge whether the incipient cavitation happens by threshold value can reach the accuracy rate up to 70% which meet the requirements of the detection for incipient cavitation.
12. Estimation of the minimum measurement time interval in acoustic noise
Consolatina Liguori, Alessandro Ruggiero, Domenico Russo, Paolo Sommella
Abstract
The appropriate choice of the minimum measurement time interval is introduced for an accurate estimation of environmental noise indicators. The proposal is based on a bootstrap approach for the continuous estimation of measurement uncertainty in order to determine the statistical variability of the acquired sound pressure levels. Experimental results concerning the adoption of the proposed method regarding environmental noise from three different sources (road traffic, outdoor air conditioner fan motor and construction site) confirm the reliability of the proposal and its feasibility in evaluating the equivalent sound pressure level of an acoustic phenomenon using short-term indicators.
13. Self-noise and directivity of simple airfoils during stall: An experimental comparison
Alex Laratro, Maziar Arjomandi, Benjamin Cazzolato, Richard Kelso
Abstract
Noise measurements of NACA 0012, NACA 0021 and flat plate airfoils are obtained at a Reynolds number of 96,000, at angles of attack ranging from −30° to 30°. As the airfoils enter a separated flow regime the strength of the dipolar noise due to shed vorticity increases. This noise source grows in strength over a much smaller range of angles as the thickness of the airfoils is increased, causing the sound pressure level of the NACA 0021 airfoil in this frequency range to increase considerably more sharply than the other profiles. In addition the NACA 0021 test model displays noise behaviour that is consistent with an unstable transition between prestall and stalled flow states, compared to transitions involving intermediate flow states observed for the NACA 0012 and flat plate airfoils.
14. Predicting classroom acoustical parameters for occupied conditions from unoccupied data
Young-Ji Choi
Abstract
This paper introduces a simple procedure for estimating the effects of occupants on the acoustical characteristics of university classrooms. Values of room acoustics parameters such as EDT, C50, G, Glate, STI and U50 are useful indicators of the quality of conditions for speech in rooms intended for speech communication. It is more difficult to measure these parameters in occupied spaces and hence being able to predict occupied values of these acoustical parameters from unoccupied measurements is a great asset to achieving acoustically successful classrooms. In this work it is shown that the changes at 1000 Hz of EDT, C50, Glate, and U50 values, due to adding occupants, can be linearly related to the corresponding changes in total room sound absorption at 1000 Hz. It has also been shown that changes in total room absorption due to adding occupants can be simply related to the total unoccupied room absorption. Combining these two relationships provides a simple procedure for predicting the values at 1000 Hz of EDT,C50, Glate, and U50 values in occupied classrooms. These new procedures make it possible to design better classroom acoustics and to better understand acoustical problems when they occur.
15. IC-engine acoustic source characterization in-situ with capsule tube method
Antti Hynninen, Heikki Isomoisio, Jukka Tanttari

Abstract
Typically, a component level approach is used in control of internal combustion engine (IC-engine) exhaust noise. This has enabled the development of new, cost-efficient silencers, for example. However, prediction of sound emission from a tailpipe or insertion loss of a silencer requires a more extensive, system level approach. Therefore, valid IC-engine source characteristics and a valid model of the whole transmission path are needed. When characterizing an IC-engine as a source with the commonly used in-duct multi-load method, the requirements for load impedance variation must be fulfilled. It is fairly easy to vary the load in automotive cases, whereas new methods must be developed for large IC-engines, used e.g. in power plants. In this study, the source data determination process is investigated in detail, a novel “capsule tube method” is developed further and used for experimental acoustic source data determination of medium speed IC-engine exhaust system in harsh environment. With suitable filtration and statistical outlier rejection methods presented in this paper, the source data of a test IC-engine exhaust system was derived with success.
16. Frequency characteristics of bone conduction actuators – Measurements of loudness and acceleration
Xiuyuan Qin, Tsuyoshi Usagawa
Abstract
Loudness as a subjective measurement and acceleration as an objective measurement were taken to measure the frequency characteristics of four different bone conduction actuators. The loudness of bone conduction was measured by balancing bone-conducted stimuli at 17 frequencies from 0.2 kHz to 8 kHz. The acceleration at equal loudness, which was measured by a Brüel & Kjær 4930 artificial mastoid, was transferred to relative levels for comparison with the loudness measurements. A relationship between loudness and acceleration was difficult to find for a bone conduction actuator of inner-ear type while for a head-of-mandible type, a relationship was found at some frequencies. Furthermore, otoacoustic emission of a head-of-mandible actuator was measured. It was hypothesized that loudness can be estimated by objective measurements of bone conduction actuators at specific frequencies.
17. On single-channel noise reduction with rank-deficient noise correlation matrix
Ningning Pan, Jacob Benesty, Jingdong Chen
Abstract
The widely studied subspace and linear filtering methods for noise reduction require the noise correlation matrix to be invertible. In certain application scenarios, however, this matrix is either rank deficient or very ill conditioned, so this requirement cannot be fulfilled. In this paper, we investigate possible solutions to this important problem based on subspace techniques for single-channel time-domain noise reduction. The eigenvalue decomposition is applied to both the speech and noise correlation matrices to separate the null and nonnull subspaces. Then, a set of optimal and suboptimal filters are derived from the nullspace of the noise signal. Through simulations, we observe that the proposed filters are able to significantly reduce noise without introducing much distortion to the desired signal. In comparison with the conventional Wiener approach, the developed filters perform significantly better in improving both the signal-to-noise ratio (SNR) and the perceptual evaluation of speech quality (PESQ) score when the noise correlation matrix is rank deficient.
18. Correlation between tyre/road noise levels measured by the Coast-By and the Close-ProXimity methods
Julien Cesbron, Philippe Klein
Abstract
The paper deals with the relationships between tyre/road noise levels measured by the Coast-By (CB) and the Close-ProXimity (CPX) methods. For that purpose, tyre/road noise was measured for a passenger car fitted with four identical patterned tyres rolling on a set of 15 impervious road surfaces. The CPX and CB measurement methods have been used simultaneously on each road surface at vehicle speeds ranging between 50 km/h and 110 km/h. A very good correlation between overall CPX and CB noise levels recomposed between 400 Hz and 4000 Hz was observed which is consistent with previous results of the literature. With the whole set of road surfaces and frequencies, a fairly good correlation between the CPX and CB spectral noise levels was also observed. Taking each road surface individually, an excellent spectral correlation was observed, leading to a very accurate estimation of the overall CB noise levels from the CPX noise levels. Considering each one-third octave band frequency, the correlations between CPX and CB spectral noise levels were also good and enable to estimate the overall CB noise levels with the same accuracy as when using the correlation between the overall CPX and CB noise levels. As a perspective, the results could help to compare different tyre/road noise prediction models which have been calibrated or validated with different testing method (pass-by or close-proximity).
19. Acoustic absorption of fibro-granular composite with cylindrical grains
Hasina Mamtaz, Mohammad Hosseini Fouladi, Mohd Zaki Nuawi, Satesh Narayana Namasivayam, Masomeh Ghassem, Mushtak Al-Atabi
Abstract
This paper reports the influence of cylindrical granular materials on the acoustic absorption performance of a natural fiber composite. The acoustic absorption behavior of an innovative fibro-granular composite composed of natural fibers combined with granular materials was investigated. The fibrous part of this new composite is fabricated using coconut coir fiber and the granular part by cylindrical rice husk grain. This study was motivated by a desire to improve the acoustical performance of materials made from natural (coir) fibers. The amount of binder additive added during composite preparation was considered by reconstructing the equation using fiber diameter as a new parameter. The acoustic properties of the novel composite were investigated based on the well-known Johnson-Champoux-Allard model by varying different physical parameters. The experimental analysis was performed in impedance tube to validate the analytical outcome. The developed analytical model employing Johnson-Champoux-Allard model was found to give predictions in good agreement with absorption coefficient data for the composite material samples with four different thicknesses. The effect of varying the different factors, such as sample thickness, fiber–grain size and fiber-grain ratio, on the acoustic absorption performance and the effect of the binder additive were also investigated. Results confirmed the potential of the new material as a promising acoustic absorber in the low-frequency region (less than 1 kHz).
20. Auditory distraction in open-plan office environments: The effect of multi-talker acoustics
Manuj Yadav, Jungsoo Kim, Densil Cabrera, Richard de Dear
Abstract
Within the soundscapes of open-plan offices, irrelevant speech has consistently been reported as the most distracting, and causing performance decrements for workers. Notwithstanding this generalization, the ‘babble’ created by multiple simultaneously active talkers can sometimes provide beneficial sound masking, but due to spatial release from masking (SRM), speech may still be sufficiently intelligible up to a certain number of talkers (estimated to be about four). This was explored within a highly-realistic office simulation, where the cognitive performance, and subjective distraction of participants were tested. The experimental design was a 4 × 2 factorial (4 talker numbers, 2 levels of broadband sound masking, as the factors). The results indicated that within lower sound pressure level (SPL) of broadband sound masking, multi-talker sound environments degraded cognitive tasks performance more than those with a single talker, suggesting SRM effects. For higher SPL broadband sound masking, the cognitive test scores were similar within the different talker numbers. The subjective distraction increased monotonically with the number of talkers, with higher distraction within lower SPL broadband sound masking. Overall, the results call into question the single talker assumption (being the most distracting) within the international standard for measuring open-plan office acoustic environments (ISO 3382-3:2012). Soundscapes with 4 simultaneous talkers were still not adequately providing beneficial ‘babble’ masking, and were more distracting than 1 active talker. In conclusion, it is suggested that the acoustics environment of open-plan offices needs better characterization by incorporating some of the complexity and psychoacoustics of multi-talker scenarios.
21. An evaluation of the use of a multibeam echo-sounder for observations of suspended sediment
Stephen M. Simmons, Daniel R. Parsons, James L. Best, Kevin A. Oberg, Jonathan A. Czuba, Gareth M. Keevil
Abstract

The theory relating the acoustic backscatter from suspended sediments to the mass concentration of particles has been developed over several decades and is now routinely applied to provide measurements for commercial and scientific applications. Single-beam instruments, such as acoustic Doppler current profilers (ADCP), permit acquisition of backscatter along one-dimensional spatial profiles. However, commercially available multibeam echo-sounders (MBES), designed principally for bathymetric surveying, now offer water column backscatter data-logging across their two-dimensional interrogation swaths, enabling suspended sediment to be instantaneously imaged across much larger volumes. This paper addresses issues relating to the processing of suspended sediment backscatter recorded with an MBES system, drawing on the theory developed for single-beam instruments. A processing methodology is developed and the performance limits estimated from an analysis of the data acquired in the near-field of a Teledyne-RESON MBES in a controlled test facility. Results derived from the application of the methodology to field-data collected with an MBES and an ADCP in the Missouri River, USA, are presented that demonstrate the potential gains in spatial and temporal resolution and near-bed imaging than can be achieved by the use of an MBES system.
22. The effect of piston scratching fault on the vibration behavior of an IC engine
Ashkan Moosavian, G. Najafi, Barat Ghobadian, Mostafa Mirsalim
Abstract
Two-body and three-body abrasive wear which are the main wear modes in internal combustion (IC) engines, might occur in the area between piston and cylinder and could cause different failures of piston and cylinder such as scratching and scuffing. These failures could reduce the engine performance and cause the engine breakdowns in their severe form. This paper investigates the effect of piston scratching fault on the vibration behavior of an IC engine with the purpose of developing a practical way for the early detection of this fault. To this end, vibration test was conducted on the engine under two states namely, healthy and faulty. To generate the faulty engine state, scratching fault was simulated by cutting a groove into the piston skirt. Short-time Fourier transform (STFT) and continuous wavelet transform (CWT) were employed in the analysis stage. The results showed that piston scratching fault caused a significant increase in the maximum, mean and energy of the engine vibration. The results of CWT method demonstrated that piston scratching fault excited the frequency band of 3–4.7 kHz of the engine vibration. The obtained results indicated that piston scratching had significant and detectable effects on the engine vibration. Hence, the vibration analysis could be used as an effective tool for detection of piston scratching fault in IC engines
23. Acoustic emission studies for characterization of fatigue crack growth in 316LN stainless steel and welds
Mengyu Chai, Jin Zhang, Zaoxiao Zhang, Quan Duan, Guangxu Cheng
Abstract
This paper focuses on the study of the stages IIa and IIb in Paris region of fatigue crack growth (FCG) for base metal and weld specimens of 316LN stainless steel (SS) by using acoustic emission (AE) technique. Meanwhile, the fatigue properties and AE characteristics were analyzed based on the K-means clustering method and fractographic observations. The results show that 316 SS weld exhibits a higher resistance to crack growth than that of base metal due to the deflection of crack path under mixed loading mode. The transition from stage IIa to IIb in the Paris region can be identified by the change of slope in AE cumulative count and cumulative energy vs. ΔK, which otherwise is not feasible from da/dN vs. ΔK plots. The AE signal characteristics of different source mechanisms such as ductile crack growth, plastic deformation within cyclic plastic zone and shear crack growth are significantly different in the two sub-stages during fatigue. The results suggest that AE technique is sensitive to the identification of the presences of stage IIa, stage IIb in the Paris region and the shear crack growth during FCG.
24. Effect of outdoor noise and façade sound insulation on indoor acoustic environment of Italian schools
Simone Secchi, Arianna Astolfi, Giulia Calosso, David Casini, Gianfranco Cellai, Fabio Scamoni, Chiara Scrosati, Louena Shtrepi
Abstract
The paper deals with the effect of outdoor noise mainly due to traffic and façade sound insulation on indoor noise level and speech intelligibility in classrooms. Results refer to the complete building stock of the Italian school buildings based on a census of the Italian Ministry of Education.
The selected school sample consists of more than one hundred Italian schools of all levels (from nursery to upper secondary school) located in three Italian regions, built in different time periods and with different building techniques. The selected sample is representative of typical Italian schools.
The façade sound insulation and the reverberation time of each school have been measured. The average outdoor noise level of about half the investigated schools has been measured and, for each school, the age of the building and the main characteristics of the façade have been listed (kind of glass, kind of ventilation, windows size, etc.). Based on these data, the correlations between both the main characteristics of the façades and the year of construction and the façade sound insulation have been investigated. Moreover, the influence of the noise coming from outdoor on the indoor noise level, speech intelligibility and speech to noise ratio have been analysed with reference to the situations both before and after the works carried out to improve the acoustic performances of façades.
Results show that the indoor sound pressure level due to traffic noise is considerably reduced after the improvement of the façade acoustic insulation, while further treatments to indoor surfaces should be necessary to reduce internal reverberation time and to improve speech intelligibility.
25. The novel role of arctangent phase algorithm and voice enhancement techniques in laser hearing
He-yong Zhang, Tao Lv, Chunhui Yan
Abstract
At present, laser hearing has played more and more important role in the field of anti-terrorism and security defense all around the world. In order to acquire remote voice, a Laser Doppler Vibrometer (LDV) is established, the voice signal demodulation method is based on the arctangent phase algorithm. On the basis of the system, a kind of speech enhancement technology is used to improve the intelligibility of the noisy voice signals detected by the LDV system. First, based on the heterodyne detection theory, the detection principle and method which acquire voice by detecting throat vibration is introduced. Then a kind of speech enhancement technology is used to improve the intelligibility of the noisy voice signals detected by the LDV system. Finally, to validate this system and speech enhancement technology, some experiments are performed and the results indicated that the comprehensible speech signals within the range of 75 m can be obtained by self-made LDV. On the other hand, the speech enhancement technology can improve the intelligibility of the noisy voice signals detected by the LDV system effectively.
26. Parametric array signal in confocal vibro-acoustography
André L. Baggio, Hermes A.S. Kamimura, J. Henrique Lopes, Adilton A.O. Carneiro, Glauber T. Silva
Abstract
In vibro-acoustography imaging systems, two ultrasound beams of distinct frequencies are employed to form an image of biological tissue at the difference-frequency. Three mechanisms contribute to the difference-frequency pressure, namely induced acoustic emission by a time-modulated radiation force, parametric array signal due to the superposition the beams along the propagation direction, and interaction of sound-with-sound effects. We analyze the strength of parametric array signal generated by a vibro-acoustography system composed of a two-element confocal transducer driven by two sinusoidal signals with center frequency 3.2 MHz. A 1-mm diameter tungsten sphere, placed at the transducer’s focus, is used as the target object. We measure the difference-frequency pressure in water at room temperature with a calibrated hydrophone. The measurements are taken along the beam’s axis in the farfield. In this configuration, the difference-frequency signal is mostly due to the parametric array phenomenon. Additionally, the acoustic emission and interaction of sound-with-sound signal levels are theoretically estimated. They are, respectively, 33 and 20 dB below the parametric array signal.
27. Jet noise reduction using co-axial swirl flow with curved vanes
P. Balakrishnan, K. Srinivasan
Abstract
Experimental studies are carried out to reduce the jet noise using co-axial swirlers in the form of curved vanes fixed in an annular passage. The swirl numbers considered for the present work ranged from 0 to 1.31, and the corresponding swirl vane angles ranged from 0 to 60°. The nozzle pressure ratios studied ranged from 1.8 to 6. The acoustic far field study at subsonic conditions revealed the presence of transonic tones for the non-swirl jet. However, swirl eliminates the transonic tones and a weak swirl is most efficient for noise reduction at subsonic conditions. The centerline total pressure measurements indicate the reduced core length for the swirl jets compared to the non-swirl jets. At supersonic conditions, the non-swirl jet emits the highest noise at all the emission angles compared to the swirl jets. The swirl jets are free from screech tones, and have lower amounts of shock associated noise, even at high nozzle pressure ratios. The centerline total pressure measurements and schlieren visualization studies show that shock cell spacing and the number of shock cells are reduced in the swirl jets compared to the non-swirl jet.
28. Analysis of sound level emitted by vehicle regarding age
S. Sancho, E. Gaja, R. Peral-Orts, G. Clemente, J. Sanz, E. Velasco-Sánchez
Abstract
Traditionally, road traffic has been considered the main noise source in urban and interurban areas. As a consequence, governments have developed some new regulations to assess and control these constantly growing noise sources [1]. At the same time, numerous research groups have analysed and studied the main characteristics of new models of vehicles as a noise source and how technological improvements can reduce the overall levels emitted by road traffic, considered as a linear source. However, the sound effect of mechanical wear of vehicles has not been deeply studied, neither analysed.
This paper aims to analyse the evolution of noise emissions of different vehicle types over time, based on the results of real technical inspections of vehicles.
Since August 2004, the Technical Inspection of Vehicles Centres (ITVs) located in the Valencian Region have been recording the noise emissions levels of millions of vehicles in static tests, in accordance with Decree 19/2004 [2] passed by the Consell de la Generalitat (Regional Council). This extensive data logging provides a great opportunity to evaluate sound characteristics of the vehicles of this region over the last 7 years. Therefore, in this paper, sound trend of different types of vehicles depending on the passing of the years is analysed. The purpose of this study is to determine the evolution of the sound level of vehicles over time and the influence on traffic noise prediction models used to develop noise maps.
29. Cyclic sources extraction from complex multiple-component vibration signal via periodically time varying filter
Piotr Kruczek, Jakub Obuchowski, Agnieszka Wylomanska, Radoslaw Zimroz
Abstract
The problem of local damage detection is widely discussed in the literature. There are many methods which can be applied, however there is still a need for new techniques addressing specific diagnostic issues. In particular, the case of complex multiple-component vibration signal is a challenging problem. In this paper we focus on such a problem related to a gearbox operating in industrial conditions. Our method consists of several stages. First we transform signal to time-frequency domain using spectrogram. Then for each frequency bin we apply a novel procedure which indicates location of cyclic impulses in given time series. This algorithm is based on the periodically distributed local maxima detection and quantification of their significance. Such procedure requires a priori known fault frequency. If the machine might reveal multiple fault, the procedure has to be calculated separately for each fault frequency. A time-varying filter is designed using the indicated local maxima comprised in the score matrix. Then, signals representing each fault frequency are obtained using inverse short-time Fourier transform algorithm. The method is illustrated with application to simulated and real data from complex mining machine - heavy duty gearbox.
30. Micro-perforated absorbers with incompletely partitioned cavities
Sibo Huang, Shengming Li, Xu Wang, Dongxing Mao
Abstract
Acoustic performance of a micro-perforated panel with an incompletely partitioned cavity (MPPIPC) is investigated. A MPPIPC is achieved by inserting separators, which are shorter than the depth of the cavity, periodically behind the micro-perforated panel (MPP). Due to these separators, the sound field in the cavity is significantly changed. This paper reveals these unique sound reflection modes among the separators, based on which a theoretical model is proposed to calculate the absorption coefficient of a MPPIPC in the diffusion field. Experiments verified the theoretical predictions. These results indicate that the appropriately arranged insertion can improve the performance of a MPP absorber effectively at low frequencies.
31. A non-negative matrix factorization approach based on spectro-temporal clustering to extract heart sounds
F.J. Canadas-Quesada, N. Ruiz-Reyes, J. Carabias-Orti, P. Vera-Candeas, J. Fuertes-Garcia
Abstract
Auscultation is often the first clinical analysis realized by doctors when patients have any symptoms related to a heart disease. In a typical scenario of auscultation, heart sounds are interfered by lung sounds both frequency and time domain. This fact causes mixtures that are composed of heart and lung sounds. In this paper, a non-negative matrix factorization (NMF) approach to extract heart sounds from mixtures composed of heart and lung sounds is addressed. Specifically, three contributions motivated by the clustering principle are presented: two of these clusterings are based on spectral content and one is based on temporal content in order to discriminate heart and lung sounds. The first spectral clustering measures the spectral similarity between the bases factorized from NMF and those ones belonging to a dictionary created from a training database composed of only isolated heart sounds. The second spectral clustering analyzes how the energy of the bases, provided by NMF, is distributed along the frequency. The temporal clustering is based on the activations provided by NMF in order to find repetitive temporal patterns hidden in these activations using an estimated heart rate of the mixture in the low frequency range. Evaluation shows that the proposed method obtains promising results and outperforms recent non-based-NMF and based-NMF state-of-the-arts methods.
32. A correlation between a single number quantity and noise level of real impact sources for floor impact sound
Jun Oh Yeon, Kyoung Woo Kim, Kwan Seop Yang
Abstract
The floor impact sound is one of many uncomfortable noises in apartment houses that can disturb neighboring residents. For floor structure in apartments, resilient materials-applied floating floors have been used and standard impact sources were used for performance evaluation. In particular, bang machines and rubber balls were used to evaluate a low-frequency region. The insulation performance against floor impact sound was analyzed via single number quantity and heavyweight impact sounds were measured at four frequency bandwidths. However, since 63 Hz bandwidth of heavyweight impact sound was characterized by high impact sound level, single number was determined at 63 Hz. Although the single number quantity (Li,Fmax,AW, L′n,AW) is evaluated by considering a certain frequency range, its performance was mainly determined at a specific frequency. It is important to identify a relationship between performance results determined at a specific frequency and noise that occurred due to real impact source. The present study analyzed a correlation between a single number quantity and noise level (dB (A)) due to real impact source (human activity) in order to review the applicability of the single number quantity that evaluated performance of floor structure. The analysis result showed that a correlation between floor structure performance evaluated via the single number quantity and noise level occurred due to real human activity was not significantly high.
33. Surface curvature effects on the tonal noise performance of a low Reynolds number aerofoil
Xiang Shen, Eldad Avital, Qinghe Zhao, Junhui Gao, Xiaodong Li, Gordon Paul, Theodosios Korakianitis
Abstract
This paper presents wind tunnel experiments to illustrate the effects of surface curvature on the aeroacoustic performance of airfoil E387. For the first time, surface curvature effects are considered in an investigation of the airfoil’s self-noise. To distinguish the effects of surface curvature, the CIRCLE method is applied to the airfoil E387 to remove slope-of-curvature discontinuities and the redesigned airfoil is denoted A7. Anechoic wind tunnel tests were performed with E387 and A7 at three low Reynolds numbers to investigate aeroacoustic performance by measuring airfoil self-noise at different angles of attack (AoA) and spatial positions. At 2° and 4° AoA, A7 presents a tone with a reduced amplitude compared with E387 due to its improved slope-of-curvature distribution. It is concluded that improving surface curvature distribution improves airfoil aeroacoustic performance.
34. Comparative analysis of the results of snowfall level measurements performed using ultrasonic aerolocation method in real conditions in different climatic areas
Tadeusz Gudra, Dariusz Banasiak, Krzysztof Herman, Krzysztof Opieliński
Abstract
This paper addresses the problem related to the interpretation of the results of actual snowfall measurements performed with two different configurations of the compensation methods for changeable climatic conditions. The paper also presents the operating principle of an ultrasound sensor for monitoring snow layer (on the air-side). In particular, the paper includes a graphic representation of the results of measurements performed in measurement stations located in Poland and at Spitsbergen. The two compensation methods (temperature and parametric) were tested for their effectiveness in different, changeable climatic conditions. The measurement results confirm that the applied compensation methods are useful in minimizing the measurement error for snow layer thickness measured on the air-side.
35. Mode identification of broadband Lamb wave signal with squeezed wavelet transform
Shen Wang, Songling Huang, Qing Wang, Yu Zhang, Wei Zhao
Abstract
Multiple wave modes often exist in the ultrasonic guided waves simultaneously, and these modes are dispersive, so the guided wave signals are very complex, even for the relatively simple situation of a narrowband excitation. The guided wave signals are even more difficult to analyze for broadband excitations. Time-frequency representations are appropriate for the analysis of the guided wave signals considering their non-stationary and transient nature. As a post-processing tool, the squeezed wavelet transform is studied for broadband Lamb wave mode identification in this work. The influence of the parameters of the Gabor mother wavelet on the performance of the transform is analyzed in details. It is found that the product of the [image: image1.png]


parameter of the used Gauss function and the center frequency [image: image2.png]g



 of the wavelet decides the overall time and frequency resolutions, so a proper selection of the value of this product [image: image3.png]


 is crucial for the squeezed wavelet transform. The squeezed wavelet transform is first applied to the analysis of a synthesized signal for verification. Then it’s applied for mode identification of a simulated broadband Lamb wave signal. By traversing the value of [image: image4.png]


, a roughly optimum analysis performance is achieved for the squeezed wavelet transform for the case of [image: image5.png]


, where the modes are well separated and the interferences between the modes are minimal. It’s proved that as an alternative tool, the squeezed wavelet transform could be used for the analysis of a broadband Lamb wave signal. An additional benefit of this transform is that it permits reconstruction of the original signal or its components, which is not possible for the reassigned scalogram.
36. Hybrid approach to noise control of industrial exhaust systems
Guilherme S. Papini, Ricardo L.U.F. Pinto, Eduardo B. Medeiros, Filipe B.G. Coelho
Abstract
This study aims to present a procedure for optimal design of hybrid noise control systems for exhaust ducts from large fans and high radiated sound power, in an industrial environment. Reactive, resistive or hybrid silencers are considered as alternatives with the possibility of adding a supplementary active noise control system to mitigate remaining noise of multiple low frequencies, which are difficult to be attenuated by passive means.Algorithms are proposed for the implementation of optimal hybrid passive/active design and the main theoretical and practical fundamentals involved are showed.Two effective solutions for a real industrial exhaust system are presented as examples of applications of hybrid optimal design procedure proposed. The first one uses of Helmholtz resonators (to attenuate lower frequencies) and resistive silencer parallel lamellae (to lower the midrange and high frequencies). The second one adopts resistive silencer of parallel lamellae and a forward active noise control system.This is a hybrid approach that is not treated in this manner in the available literature, especially in the text books of applied acoustics engineering.
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