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Abstract

:

Monotone noises at high decibels have been identified as a main cause of degradation in people’s mental health. This paper proposes a directional monotone noise reduction method to suppress spatially localized single-frequency noises. The system is designed based on a feedforward active noise control (ANC) structure by implementing filtered-x least mean square (FxLMS) algorithms. Compared with traditional ANC methods, our system employs a parametric array loudspeaker (PAL) as the active noise-canceling source with high audio directivity for directional noise suppression. The system monitors the ambient monotone noise and implements the ANC algorithm in real-time through a software-based platform operating on a generic personal computer (PC). Experimental measurements demonstrate an   8  dB   reduction of different monotone noises at a   260  cm   distance from the active source. Compared with traditional ANC methods with a voice coil loudspeaker (VCL) as the noise-canceling source, our PAL-based system achieves similar noise suppression performance with a 5.8 times improvement in the source-to-target distance and   64 %   reduction in the   − 3  dB   audio main lobe beam width. The results prove the advantage of introducing PALs as active-noise-canceling sources for monotone noise suppression with a cost-effective enhancement in operating distances and noise control directivities.
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1. Introduction


It is well-recognized that long-term exposure to environmental noises can induce multiple health issues [1] such as hearing loss [2], cardiovascular diseases [3], and mental-related issues such as stress and impairment of cognition [4]. Among different noise types categorized by spectrum characteristics, monotone noise is similar to human tinnitus sensation and can cause emotional and cognitive disorders that lead to behavioral disability [5]. Hence, eliminating monotone noise is a crucial task in environmental noise management.



Noise reduction schemes can be categorized as either controlling the noise source, handling the noise propagation path, or isolating the receiver. In practice, passive noise reduction techniques are widely adopted as a result of the application efficiency by absorption, reflection, or scattering the sound waves with acoustically engineered passive materials [6,7]. Such techniques are suitable for large-scale applications while lacking the ability for online monitoring of the noise level. In addition, the one-off nature of passive methods prevents their flexibility to handle prompt and localized noise sources. In recent decades, active noise control (ANC) techniques have been extensively researched to achieve real-time adaptation to variation in noise conditions [8,9,10], such as in active noise barrier applications [11] or noise reduction in vehicles [12] and headphones [13]. ANC systems introduce additional active loudspeakers, which are often referred to as “secondary sources”, to generate canceling signals with similar amplitudes while opposite in phase to the noises. To date, ANC schemes mainly follow feedforward [14,15] and feedback [16,17] approaches. A single-channel feedforward system is the classic ANC algorithm consisting of a reference microphone to detect the noise to be canceled and an error microphone to monitor the system performance by detecting the residual error [8]. When sensing or estimating the target noise as the reference signal is not possible, the feedback approach is required in the ANC architecture. This paper mainly focuses on the feedforward approach for its robustness from straightforward environmental noise measurement. The key to feedforward ANC implementation is the effective estimation of the secondary path, which is understood as an adaptive filter to produce a phase-countering sound for the noise canceling at the error microphone. Currently, the most-preferred filter iteration technique is the filtered-x least mean square (FxLMS) algorithm [18] for its efficiency in computation and robustness for either single-channel or multi-channel applications [14,19,20].



Current ANC systems mainly use conventional voice coil loudspeakers (VCLs) as secondary sources. However, the omnidirectional nature of VCLs may induce adverse effects, such as the increment in the sound pressure level (SPL) in neighboring areas apart from the target position [21] and undesired acoustic feedback into the reference microphone [22]. Considering such issues from VCLs, a novel type of directional speaker termed parametric array loudspeaker (PAL) [23] has gained interest in ANC research. Due to nonlinear effects in acoustic wave propagation, low-frequency audible signals can be transmitted by ultrasound carrier waves through amplitude modulation (AM) techniques. PAL comprises multiple ultrasound transducers arranged in an array to project audio signals directionally based on the high directivity of carrier wave beams produced by limited aperture ultrasound arrays [24]. This facilitates localized ANC using PALs with minimal impact on non-interested sites, which has been validated in the literature [25].



Inspired by previous research, this paper explores the feasibility of localized monotone noise suppression with PALs embedded in a feedforward ANC system constructed with off-the-shelf, consumer-grade equipment. The algorithm is designed based on FxLMS architecture and solely implemented in software through a generic personal computer (PC). A customized hexagonal PAL functioned as the secondary source for the directional projection of monotone noise-countering signals. Experimental verification and comparison of noise reduction results are performed for the proposed method versus the results from using generic VCLs. The main contribution of the paper is summarized as follows:




	
Demonstration of the enhanced directivity and operation distance for monotone noise suppression with PALs.



	
Exploration of the feasibility of implementing the PAL-driven ANC system with a PC-powered platform and generic audio hardware.








The remaining paper is organized as follows. Section 2 describes the implemented FxLMS algorithm including offline secondary path identification and adaptive noise filter design. This section also briefly depicts the origination of the super-directivity of PALs. Section 3 discusses the realization of the PC-based ANC system. Section 4 presents the experimental characterization of PAL’s pressure field in terms of the directivity and axial pressure distribution. Section 5 describes the experimental evaluation of using the PAL for directional monotone noise suppression and provides comparisons against conventional VCLs to demonstrate the advantage of PALs in terms of operating distance and directivity. Section 6 concludes the paper and discusses the possible future improvements.




2. Theory and Methods


2.1. FxLMS Algorithm for Adaptive Noise Filter Design


The least mean squares (LMS) algorithms are based on the fundamental principles of Wiener filtering following the steepest gradient descent to produce optimized finite impulse response (FIR) filters. The FxLMS algorithm is an iterative adaptation of the LMS method and is now considered the baseline algorithm in ANC, known for its simplicity, low computational cost, and stable convergence [26]. Figure 1a shows a complete diagram of the FxLMS algorithm for the single-channel noise reduction considered in this paper. One key element in the algorithm is determining the secondary path filter   s ( n )  , which depicts the acoustic path for the projection of counter-noise sound from the secondary source to the target where the error microphone locates. Neglecting the response from the secondary path can result in misjudgment of the optimum noise-canceling signal and affect the algorithm’s convergence [8]. Consider an adaptive FIR filter for the ANC control   w ( n )  ; the residual noise measured at the error microphone   e ( n )   can be expressed as


  e ( n ) = d ( n ) − [  w ( n )  × x ( n ) ] ×  s ( n )  ,  



(1)




where   x ( n )   is the ambient noise signal and   d ( n )   is the measured ambient noise signal at the reference microphone through the primary path   p ( n )  . The LMS constraint requires the cost function   ξ  ( n )  =  e 2   ( n )    to be minimum by letting   ∇ ξ ( n )   approach zero. Using the gradient descent method, the iteration for updating   w ( n )   is expressed as


  w  ( n + 1 )  = w  ( n )  +  μ 2  ∇ ξ  ( n )  ,  



(2)




where  μ  is the filter learning rate to control the iteration step size. By derivation of   ∇ ξ ( n )  , the above iteration can be expanded as


  w ( n + 1 ) = w ( n ) − μ e ( n ) s ( n ) × x ( n ) .  



(3)




Since   s ( n )   is unknown,    s ^   ( n )    is applied as a legitimate estimation of the secondary path.    x ′   ( n )    represents the output from    s ^   ( n )    as


   x ′   ( n )  =  s ^   ( n )  × x  ( n )  ,  



(4)




which updates Equation (3) into


  w  ( n + 1 )  = w  ( n )  − μ e  ( n )   x ′   ( n )  .  



(5)







The aim of this paper is focused on the elimination of monotone noises, which can cause more harm to people’s mental health in modern urban or industrial environments. Hence, we adopt an offline approach to identify the secondary path for its straightforwardness in acquiring    s ^   ( n )   . The monotone noise features a concentrated power spectrum to represent an acoustic environment with its spectrum characteristic that does not change over time; so, we also use fixed step sizes in the algorithm for the iteration of the FIR filters. Since offline identification is performed as a standalone process, it does not introduce extra computation complexity into the main ANC algorithm to compromise its robustness. However, if environmental ambient noises such as Gaussian white noise are considered in ANC, the adaptive filter iteration step size should be considered due to the variation in the noise power spectrum. To conclude, the complete FxLMS algorithm implemented in this paper can be summarized into two steps. The first step is the offline identification of the secondary path following the diagram shown in Figure 1b. By monitoring the ambient noise    x 0   ( n )    and the residual error    e 0   ( n )    at the target position, an LMS-constrained    s ^   ( n )    can be estimated. The second step is to update the adaptive filter   w ( n )   to achieve ANC following Equation (5) using    s ^   ( n )   . As a result, signal   y ( n )   is computed from   w ( n )   of a number of M taps as the driving signal for the secondary source as


  y  ( n )  =  ∑  i = 0   M − 1    w i   ( n )  x  ( n − i )  .  



(6)




The practical system implementation will be described in detail in Section 3 and Section 5.




2.2. PAL as the Directional Secondary Source


PAL can generate highly directional audible sound fields based on the nonlinear acoustic wave attenuation in air. In simple terms, for an acoustic beam containing multiple frequency components, as the wave propagates, the high-frequency contents attenuate faster to leave over the lowest frequency component as the subtraction result of the primary frequencies. Hence, it is possible to reproduce audible sound waves from high-frequency carrier waves through self-demodulation during propagation. The classic nonlinear acoustic model was derived by Khokhlov, Zabolotskaya, and Kuznetsov, known as the KZK equation, by considering the absorption of finite amplitude acoustic waves. In the far field, the derived quasilinear solution can predict the overall pressure distribution [27]. The resulting pressure field p is considered a combination of the solution to the linear ultrasound field   p 1   and the nonlinear demodulated field result   p 2   as   p =  p 1  +  p 2   . For a known ultrasound field,   p 1   can be used as the driving source to solve for   p 2  , and the KZK equation is converted into [28,29]


     ∂ 2   p 2    ∂ z ∂ τ   =   c 0  2   ∇ r 2   p 2  +  δ  2  c 0 3       ∂ 3   p 2    ∂  τ 3    +  β  2  ρ 0   c 0 3       ∂ 2   p 1 2    ∂  τ 2    .  



(7)




This equation describes   p 1   and   p 2  ’s relation in the z-propagating axial direction, where   τ = t − z /  c 0    is the retarded time, and  δ  and  β  are the diffusivity and coefficient of nonlinearity, respectively.    ∇ r 2  =  ∂ 2  / ∂  r 2  +  r  − 1    ( ∂ / ∂ r )   , where r is the transverse radial coordinate in the   x y   plane.   c 0   and   ρ 0   are the sound velocity and density of the air medium, respectively. Berktay’s solution of Equation (7) gives a simplified time-domain expression of the reproduced audio wave in the far field    p 2   ( r , z , τ )   , which is proportional to the second derivative of the squared envelope through amplitude modulation (AM) of the primary wave    p 1   ( r , z , τ )    [30]. This is considered the foundation for implementing AM techniques for PALs [31,32]. For a primary ultrasound carrier wave of the angular frequency   ω c   and initial amplitude   P 0  , the AM-processed ultrasound pressure is [29]


   p 1   ( r , z , τ )  =  P 0  E  ( τ )  sin  (  ω c  τ )   e  − α z   H  ( a − r )  ,  



(8)




where   E ( τ )   is the AM envelope of the primary wave. a is the radius of the source aperture and  α  is the absorption coefficient.   H ( · )   is the unit step function. Hence, the self-demodulated audible wave can be expressed as [28,29,33]


   p 2   ( r , z , τ )  ≈   β  P 0 2   a 2    16  ρ 0   c 0 4  z α     ∂ 2   ∂  τ 2     E 2   ( τ )  .  



(9)







For a proof-of-principle study to explore PAL as the secondary ANC source, in this paper we choose a simple AM method using the double-sideband amplitude modulation (DSBAM) technique [24]. For the target audio under modulation   g ( τ )  , the DSB modulated signal for PAL actuation is expressed as


   g  D S B    ( τ )  =  [ 1 + m g  ( τ )  ]  sin  (  ω c  τ )  ,  



(10)




where   0 < m ≤ 1   is the modulation index.





3. Realization of the PC-Powered ANC System


The proposed ANC system is developed on a generic PC architecture utilizing standard PC-integrated hardware as the signal processing and noise control platform. The PC has a quad-core CPU (Core i7-7700, Intel, CA, USA) and 16 GB RAM. Other peripheral sensors and components are generic audio hardware such as microphones, sound cards, and audio power amplifiers (PAs). The closed-loop noise sampling hardware includes two condenser microphones (ECM8000, Behringer, Germany) with a high dynamic range as the reference and error sensors, respectively. A high-precision, fast-rate, multichannel sound card (UMC404HD, Behringer, Germany) is used for signal digitizing. Both conventional VCL and bespoke PAL are tested and compared as secondary sources. A high-bit-depth oscilloscope provides real-time monitoring of the noise reduction results.



Figure 2 shows the system diagram to implement the FxLMS algorithm for real-time ANC. The PC interfaces with the sound card to process the audio data input/output (I/O) streaming, as well as the main ANC computation. The I/O audio signals are streamed and buffered in segments by 2048 samples per frame through the USB interface from the sound card into the PC via standard audio driver types such as ASIO. The multichannel sound card digitizes the noise data at a bit rate of   44.1  kHz   and a bit depth of   16  bit   for fast-rate, high-precision sampling. Real-time audio data processing is implemented with a PC-based software environment to run the FxLMS algorithm by reading the data from the Audio Data Read module and provides the ANC signal to drive the secondary loudspeaker from the Audio Data Write module, as shown in the block diagram of Figure 2. The FxLMS computation and I/O streaming of the processed data are all executed in segments of the same length following the same sampling rate.



According to the proposed FxLMS block diagram in Section 2, the first step is to estimate the secondary path following Figure 1b using white noise. The secondary path filter    s ^   ( n )    is recorded until the convergence error reaches   − 40  dB  . The FxLMS algorithm is then executed with the saved    s ^   ( n )    following the process in Figure 1a. When using PAL as the secondary source, the speaker instrumentation is more complex than the VCL case. The PAL hardware includes a bespoke PAL constructed with an array of transducers, which is powered by a PA module associated with a generic signal generator for DSB modulation of the actuation signals.




4. Experimental Characterization of PAL’s Pressure Field


4.1. Characterization of PAL’s Directivity


VCLs have a nearly omnidirectional directivity, while PALs can achieve a narrower directivity in the far field following the beam width defined by the ultrasound carrier wave [24,29]. The PAL under test is shown in Figure 3a, which consists of 198 pieces of   40  kHz  ,   10  mm   diameter, airborne ultrasound transducers (KS-A1040H07CTR, Kesen, Guangdong, China) arranged in a hexagon-shaped array with an aperture size of   17  cm   in diameter. Theoretically, the demodulated audio beam directivity   D ( θ )   can be predicted by the main lobe determined by the proposed array aperture of L and wave number of k as [34]


  D  ( θ )  = sinc   |    k L sin θ  2   |   .  



(11)







To verify the PAL spatial characteristics, we measured the array far-field directivity at a distance of   1  m   away from the aperture, using both the microphone and a calibrated sound level meter (AS844+, HIMA Instrument, Hong Kong, China) when the PAL is driven with a   1  kHz   modulated continuous wave signal. The microphone senses pressure levels in the test field by recording peak-to-peak voltages, which are then converted into decibels (dBs) by post-processing. The sound level meter directly records the pressure levels in dB by A-weighting to simulate the human auditory characteristics. The measurement is conducted by mounting the test source on a rotary stage and manually rotating the source to record the data at every 5° step size. The comparison of the two measurement approaches is presented in Figure 3b, indicating that both measurement methods give a similar plot to clearly depict the PAL’s far-field directivity, showing a   − 3  dB   main lobe width of around 40°. The form factor of the adopted PAL also gives rise to two grating lobes at ±30° with lower amplitudes compared with the main lobe [24,34].



The directivities of the PAL with an aperture size of   17  cm   and a generic VCL with a sound emitting surface area of   85  mm × 70  mm   are measured with the sound level meter at the same   100  cm   distance when both emitting a   1  kHz   signal. The comparison is shown in Figure 3c by plotting both directivity maps with the normalized amplitude (n.a.). The VCL presents a wide directivity that is close to an omnidirectional pattern, with a   − 3  dB   beam width of around 110°, while the PAL’s   − 3  dB   beam width is reduced to around 40° by considering the main lobes. Hence, for the current aperture design shown in Figure 3a, as the secondary source, the PAL can reduce the effective beam width by   64 %   of that of the conventional loudspeaker to provide much more directional ANC effects.



Figure 3d further compares the directivity pattern of beams projected from the PAL when the carrier waves are modulated with different audio frequencies. For verification purposes, the test frequencies are selected from low to high at   250  Hz  ,   1  kHz  , and   4  kHz  , within the transducer’s   − 6  dB   bandwidth of around   3  kHz  . The results demonstrate similar beam directivity patterns when the PAL is driven with signals modulated with either low or high audio frequencies. This further verifies the feasibility of using the PAL to tackle different monotone noises.




4.2. Characterization of PAL’s Axial Pressure


Apart from the directivity characterization, we further examine and compare the axial pressure distribution of the PAL against traditional VCL. Due to the non-linear nature during the propagation of parametric acoustic beams, the self-demodulated audible frequency beam can be considered as an end-fire array created along the directivity of the primary beam defined by the carrier frequency wave [25]. Hence, this confinement from the carrier wave may mitigate the attenuation of the resultant audible signal. To evaluate this, we characterize both the PAL and VCL by measuring the attenuated sound levels in dB using the sound level meter along the axial direction. The measurement and comparison results are shown in Figure 4. For both the PAL and VCL, the audible signal of interest is   1  kHz   with the initial sound pressure at the source surface calibrated as   90  dB  . Then, the SPL is recorded at every   20  cm   step away from the source in a range of 0∼300 cm. The measurements indicate that the PAL attenuates less and gives a   20  dB   higher SPL value than the VCL at various distances on average. This result further verifies PAL’s advantage as the secondary source for ANC to provide the possibility of long-distance operation.





5. Experimental Evaluation for Directional Monotone Noise Suppression with PALs


5.1. Experimental Setup


We performed practical ANC experiments to examine the effectiveness of the implementation of PALs for long-distance localized monotone noise suppression. The schematic for the experimental setups is shown in Figure 5a and a photograph of the practical setup is shown in Figure 5b. A generic loudspeaker functions as the noise source at the far end of the entire scene to provide ambient monotone noise for suppression. Either PAL or VCL, as discussed in Section 3, is implemented as the secondary source. A reference microphone is placed close to the noise source to sample the ambient noise and an error microphone is placed at the location of interest to monitor the real-time residual noise. For comparison purposes, as shown in Figure 5a, the error microphone is placed at   260  cm   away from the PAL, which is 5.8 times further compared with the case when using VCL as the secondary source. The practical setup illustration in Figure 5b shows the experimental scene, in which the PC functions as the core to process ANC algorithms and data I/O streaming. The real-time residual noise is collected by the error microphone at the location of interest and digitized via the sound card to be streamed to the PC. A high-precision oscilloscope also monitors the residual noises. The signal generator modulates the PC streamed secondary source driving signal in real-time with the transducer carrier frequency of   40  kHz   to power the PAL via the PA module. For verification purposes, the test monotone noise was selected as   1  kHz   in the experiments.




5.2. Evaluation of PAL for Directional Monotone Noise Suppression


As described in Section 2, the proposed ANC method requires an offline identification of the secondary path as the first step. Hence, the secondary path filters    s ^   ( n )    from using either VCL or PAL are measured with white noise following Figure 1b in the setups illustrated in Figure 5. This estimated    s ^   ( n )    is further embedded in the complete FxLMS algorithm to update the ANC control filter   w ( n )  . In our implementation, both filters have a tap number of 128, and the optimum filter learning rate is selected as   10  − 2    and   10  − 4    for the VCL and PAL cases, respectively, as concluded from repeated tests.



For a monotone noise of   1  kHz   under test, the ANC results from using both VCL and PAL are analyzed with frequency spectra, as presented in Figure 6. The results show that either VCL or PAL can perform effective reduction of the monotone noise through the PC-powered ANC platform. At the frequency of   1  kHz  , the noise level is suppressed by   14  dB   in the VCL case and   8  dB   in the PAL case. However, in the PAL case, the secondary path is 5.8 times longer than the VCL, which verifies the effectiveness of using PAL to achieve comparable noise reduction while at a much further distance. In Figure 6b, an extra frequency component at   2  kHz   appears when the ANC is active. This undesired effect can be attributed to the harmonics distortion introduced by the bandwidth-limited transducers driven by signals modulated with simple DSBAM techniques, which can be further eliminated by using more elaborate AM methods [24,33,35].



To confirm the directional noise suppression by using PAL, we further measured the practical noise reduction level along a horizontal range of   80  cm   while keeping a constant perpendicular distance of   60  cm   between the source plane and the measured plane where the error microphones are located, as shown in Figure 7a. We also used   1  kHz   monotone noise for the test. The original and residual noises are measured for either the VCL or PAL case, and the noise attenuation levels are calculated as summarized in Figure 7b. For both the VCL and PAL cases, the maximum noise attenuation level appears at 0° along the normal axis of the secondary source’s surface with values of   10.7  dB   and   7.6  dB   for the VCL and PAL cases, respectively. This measurement correlates with the spectra analysis in Figure 6. The directivity characteristics of different loudspeakers in noise suppression can be concluded by analyzing the   6  dB   ANC range. In the VCL case, the   6  dB   ANC range covers a horizontal distance of around   44  cm  , which is reduced to   20  cm   when using the PAL. This result also cross-validates with Figure 3 to confirm PAL’s advantage of narrower directivity for targeting localized noise sources.





6. Conclusions and Future Work


This paper explores and confirms the feasibility of using PALs as the secondary source for directional monotone noise suppression at long distances by proposing a PC-powered ANC system running adaptive noise reduction algorithms. The proposed system is constructed with the conventional PC and generic audio hardware to provide a cost-effective ANC platform. For the PAL with an aperture of 17 cm working at   40  kHz   carrier frequency, the proposed ANC system can achieve around   8  dB   suppression of monotone noises   260  cm   away from the target location. Experimental measurements and comparisons confirm the advantages of PALs over conventional VCLs in long-range directional ANC by reducing the   − 3  dB   effective beam width by around   64 %   to enhance the directivity while extending the operation distance by 5.8 times when a similar ANC result is achieved.



Future improvements of the proposed directional ANC solution include three aspects such as the PAL array, ANC algorithm, and system development. The future PAL design will consider the optimization of the array geometry to reduce the interference of the grating lobes by using narrower array element spacing or a curved aperture. In addition, considering the harmonic aliasing effects in PALs, more elaborate signal modulation techniques will be explored and integrated into the proposed ANC scheme to further restrain the higher harmonics. The current system employs offline identification of the secondary path, which requires fixed positions of the target area and the PAL as well as quasi-static noise conditions, limiting the system’s flexibility. This can be further improved by introducing more elaborate ANC algorithms considering online estimation of the secondary path, also targeting diverse noise types such as white, pink, or pulsed noises. During experiments, we observed that it is crucial to define the proper system buffer size for data streaming and processing in the PC-based algorithm to balance the real-time requirement and convergence of the residual noise. Hence, although more costly, high-speed hardware such as digital signal processors (DSPs) or field-programmable gate arrays (FPGAs) will be considered to improve the real-time characteristics of the current system.
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Figure 1. Block diagram of the implemented FxLMS algorithm with offline identification of the secondary path   s ( n )  . (a) The complete FxLMS algorithm, where   w ( n )   is the adaptive ANC filter constrained by the estimated secondary path    s ^   ( n )    and the residual error   e ( n )  . (b) The offline identification of the secondary path for estimation of the LMS-constrained filter    s ^   ( n )   . 
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Figure 2. System diagram of the PC-powered ANC system implemented with the FxLMS algorithm. 
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Figure 3. Experimental examination of the PAL’s directivity in the far field of   1  m   away from the source. (a) The PAL constructed with ultrasound transducers. (b) Comparison of the measurements by using the condensed microphone and the sound level meter. (c) Comparison of the normalized amplitudes showing directivities of the PAL and conventional VCL measured by the sound level meter. (d) The directivities of the demodulated audio beams of different frequencies. 
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Figure 4. Comparison of measured axial sound attenuation characteristics of the PAL against VCL when projecting   1  kHz   audible signal with   90  dB   initial SPL at the source surface. 
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Figure 5. Experimental setup for the evaluation of the PAL for monotone noise suppression. (a) The schematic of the overall ANC scene using either PAL or VCL as the secondary source. (b) A photograph that illustrates the practical setup. 
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Figure 6. Measurement of   1  kHz   monotone noise suppression results with (a) VCL or (b) PAL as the secondary source in the ANC system. 
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Figure 7. Measured noise attenuation levels across a horizontal spatial range of   80  cm   at the same distances between the secondary source and the error microphone for the VCL and PAL cases. (a) Schematic of the setup. (b) Comparison of measured results. 
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