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ABSTRACT 
The primary ambient extraction (PAE) decomposes a stereo mixture into separated primary and ambient 
components, providing a crucial step in spatial audio analysis and reproduction. The necessary spatial 
assumptions of PAE include (i) uncorrelated balanced ambient components, (ii) uncorrelated ambient and 
primary components, and (iii) primary components with the only difference in the panning factor. Hence, 
different PAE methods can be developed for different decorrelation processes that are used to produce the 
uncorrelated ambient components. This paper investigates a new decorrelation process, namely the random 
sign Hilbert filtering decorrelation process. This decorrelation process ensures that the ambient components 
consistently have ±90° phase difference between the left and right channels. The PAE method catering for the 
random sign Hilbert filtering decorrelation process is called the uncorrelated-ambient PAE (UAPAE). This 
paper expounds the UAPAE and demonstrate a comparison between the UAPAE and existing PAE methods. 
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1. INTRODUCTION 
Channel-based audio formats are widely used in consumer electronics, such as mobile phones, 

tablets and personal computers. Most of the channel-based audio files simply contain two channels 
that can be directly played back with headphones. In order for an immersive listening environment to 
be constructed with arbitrary playback systems, Goodwin and Jot proposed the idea of PAE that 
intended to change the number of channels without losing the spatial information (1). 

Considering the audio signal as a linear combination of the primary and ambient components, there 
is a high possibility that the PAE would face an underdetermined problem, resulting in a necessity for 
three spatial assumptions (2). Firstly, the ambient components are assumed to be uncorrelated between 
any two channels and have equal energy. Secondly, the ambient components are assumed to be 
uncorrelated with the primary components. Thirdly, the primary components are almost identical. The 
only difference between any two primary components is just a panning factor.  

When the primary components have higher energy than ambient components, principal component 
analysis (PCA) is dedicated to find the common unit vector of the primary components that maximizes 
the energy of the primary components (1). The result of PCA implies that the primary components are 
vertical to the ambient components. When ambient components are extracted from a stereo mixture, 
one ambient component pans to the opposite direction of the other, which doesn’t obey with the 
assumptions that the ambient components are uncorrelated and balanced (3). 

Ambient phase estimation with a sparsity constraint (APES) is suitable for the uncorrelated 
ambient components produced by the random phase decorrelation process (4). Magnitudes of ambient 
components are further assumed to be equal in every frequency bin. An additional sparse constraint is 
required to solve the underdetermined problem. APES achieves better accuracy when the primary 
components are dominant in the stereo mixture (5). The optimization that minimizes the norm of the 
primary components is non-convex in APES. Therefore, APES introduces an angle-by-angle search 
algorithm to find out the correct phases of ambient components. To reduce the computation complexity 
of APES, APEX has been proposed as a simplified algorithm with little loss in extraction accuracy (6). 

Different PAE methods can be developed for different decorrelation processes that are used to 
produce the uncorrelated ambient components. The random sign Hilbert filtering decorrelation process 
ensures the ambient components have ±90° phase difference between the left and right channels. 
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Correlation coefficients between the processed ambient components are constantly  nearly 0. In 
comparison, the random phase decorrelation process leads to correlation coefficients with more 
variations. Thus, this paper investigates the random sign Hilbert filtering decorrelation process and 
proposed the UAPAE method. 

2. RANDOM SIGN HILBERT FILTERING DECORRELATION PROCESS 
Highly correlated audio signals often lead to unnatural listening experience. When they are played 

back using headphones, listeners feel the sound artificially streaming inside of their heads (7, 8). When 
broadcasted in a reverberating room, highly correlated audio signals cause the combing phenomenon, 
which is destructive most of the time (9). The decorrelation process is a very important tool in audio 
engineering that can eliminate those unnatural listening sensations and the combing phenomenon. 

The random phase decorrelation process can be carried out in either the time domain or frequency 
domain. Taking the frequency domain process as an example, the short time Fourier transform of the 
input signal  is firstly calculated. Secondly, a random phase shift is added into every 
time-frequency bin. Thirdly, the inverse Fourier transform is obtained to recover the output signal 

. The random sign Hilbert filtering decorrelation process is different from the random phase 
decorrelation process only in the second step, where ° or ° phase shift instead of the random 
phase shift is added. 

To evaluate the performance of decorrelation processes, the correlation coefficient  of two 
signals  and  with equal energy is defined as 

 (1) or equivalently 
 (2) 

where  represents a temporal offset.
Figure 1 presents correlation coefficients of the random sign Hilbert filtering and random phase 

decorrelation processes. It shows that correlation coefficients of the random sign Hilbert filtering 
decorrelation process are almost constantly 0, which are significantly smaller than those of the random 
phase decorrelation process. 

 
Figure 1 – Correlation coefficients of decorrelation processes 

The combing phenomenon testing system is another approach to evaluate the effectiveness of 
decorrelation processes. A block diagram of the combing phenomenon testing system is shown in 
Figure 2. 
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Figure 2 – Combing phenomenon testing system 

Firstly, the factor  is set to 0. When there is no decorrelation process, the overall system behaves 
like a comb filter. Setting the attenuation gain to 0.7 and the delay amount to 0.04s leads to the result 
plotted in Figure 3(a). The magnitude response clearly demonstrates that the frequency interval 
between neighboring troughs is reciprocal of the delay amount. Figures 3(b) and 3(c) shows the results 
when the random sign Hilbert filtering and random phase decorrelation processes  are taken into 
account. There is no obvious pattern in both magnitude responses. This validates that the random sign 
Hilbert filtering decorrelation process can make similar decorrelation effect as compared to the 
random phase decorrelation process. 

 
Figure 3 – Magnitude response of the combing phenomenon testing system when  and (a) no 

decorrelation; (b) the random phase decorrelation process; (c) the random sign Hilbert filter is carried out 

Furthermore, setting  to 0.25, 0.5 and 1, the magnitude response when the random sign Hilbert 
filtering decorrelation process is considered are plotted in Figure 4. As  increases, the combing 
phenomena gradually recovers. The effect of the random sign Hilbert filtering decorrelation process is 
controllable by the factor  in the combing phenomenon testing system (4, 10). 

3. UNCORRELATED-AMBIENT PAE    

3.1 Description 
In PAE, a stereo mixture is considered as a linear combination of primary and ambient components, 

which are written as 
 (3) 

and 
, (4) 
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Figure 4 – Magnitude response of the combing phenomenon testing system when the random sign Hilbert 

filter is carried out and (a) ; (b) ; (c) , respectively 

where  and  are the left and right channels of the stereo mixture. The primary components  
and  are correlated and different only in a panning factor  as . The ambient components 

 and  are uncorrelated and have equal power. They are also uncorrelated with the primary 
components. These spatial assumptions are crucial in PAE. 

After the short-time Fourier transform, equations (3) and (4) are rewritten as  
 (5) 

and 
, (6) 

where  is the frame index and  is the index of the frequency bin. PAE is thus carried out in every 
time-frequency bin. In the latter part of this paper, the notation  is abbreviated unless necessary. 

As shown in Figure 5, , , , , , and  are all complex and can be represented as 
vectors in the complex plane. Denote the coordinate of , , , and  as , , 

 and , respectively. The random sign Hilbert filtering decorrelation process suggests 
that  and , i.e. 

 (7) 
and 

. (8) 
Apparently,  and . The sign is associated with the random sign in the decorrelation 
process, which represent either  is behind in phase by 90° or  is ahead  in phase by 90° 

Figure 5 – PAE in one time-frequency bin illustrated on the complex plane 
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Since , knowing that 
 (9) 

and 
 (10) 

yields 
. (11) 

Given that  and , equation (11) determines the ambient components by 

. (12) 

Alternatively, given that  and , equation (11) determines the ambient components by 

. (13) 

After ambient components are determined, primary components are readily obtained by equations (9) 
and (10).  

The panning factor  of a stereo mixture is estimated by 

 (14) 

where 
 (15) 

and 
 (16) 

are segments of the left and right channels. 
However, there are two different solutions as provided by equations (12) and (13) in every 

time-frequency bin. It is necessary to select one of them. The rule of thumb used in the APES method 
is considered, i.e. the solution with the minimum magnitude or energy of  is selected. The flow of 
the UAPAE method is depicted in Figure 6 

Figure 6 – Flow chart of the UAPAE method 

Take the short-time Fourier transform  to 
converse xL(t) and xR(t) into frequency domain

Estimate k  using equation (14)

Compute PL,PR,AL,AR  in every time-
frequency bin using  equations (12) and (13)

Take the inverse short-time Fourier transform 
to converse the signal into time domain

Estimate k  using equation (14)
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minimum magnitude or energy of L̂P
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3.2 Experimental Results 
In this experiment, a monophonic male speech is used as the primary component of the left channel. 

The panning factor  is set to 2, in order for the primary component of the right channel to be 
generated. A wave lapping sound recorded at the beach is selected as the ambient component of the left 
channel, which is also used as the input of the random sign Hilbert filtering  decorrelation process to 
generate the ambient component of the right channel. When the primary and ambient components are 
mixed up, the power ratio of the primary components to the stereo mixture (abbreviated as PPR) is a 
useful measure to describe the relative energy of the primary and ambient components in the time 
domain. The audio files of the male speech and the wave lapping sound are extracted from (6). 

The primary extraction error between the estimate of the primary component and the ground truth is 
computed by 

. (17) 
Similarly, the ambient extraction error between the estimate of the ambient component and the ground 
truth is computed by 

. (18) 
The primary and ambient extraction errors are plotted with respect to PPR in Figure 7, where the 
UAPAE method is compared with the APES, APEX, and PCA methods. 

 
Figure 7 – Extraction error of various PAE methods with respect to PPR 

Figure 7 shows that the primary extraction error decreases with PPR for every PAE methods and 
the ambient extraction error increases with PPR except for the PCA method. The UAPAE method 
achieves the lowest extraction error for both the primary and ambient components when the random 
sign Hilbert filtering decorrelation process has been taken. 

Besides the extraction error, the time-domain segmental SNR (SNRseg),the frequency-weighted 
segmental SNR (fwSNRseg), the log likelihood ratio (LLR), perceptual evaluation of speech quality 
(PESQ) and perceptual evaluation of audio quality (PEAQ) are also calculated for comparison (11, 
12). 

The SNRseg is defined as 

 (19) 

where  is the ground truth of the primary or ambient components;  is the estimate 
provided by PAE;  is the frame size and  is the number of frames. The frame size is set to 1323 
in this experiment. 

The fwSNRseg is defined as 
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 (20) 

where and  are the ground truth and estimate of the primary or ambient components; 
 is the number of critical bands;  is the energy of ground truth in the -th critical 

band. 
The linear predictive coding (LPC) represent the spectral envelope of a speech or an audio signal. 

By using LPC, LLR measures the spectral envelope difference between the ground truth and estimate 
of the primary or ambient components. It is defined as 

 (21) 
where  is the LPC vector of the estimate;  and  are the LPC vector and the autocorrelation 
matrix of the ground truth, respectively. LLR of a clip is calculated frame by frame and bounded 
within 0 to 2. Only the lowest 95% LLR values are averaged to result in a single value. 

The PESQ and PEAQ imitate the auditory system of human ear and predict the subjective score of 
a stimulus (13, 14).The range of PESQ is generally between 1 and 4.5 and a higher score represents 
better speech quality. The PEAQ uses the subjective difference grade (SDG) to represent audio quality. 
Although the value of SDG is from -4 to 4, only negative SDG values are obtained when the reference 
audio and the testing audio are distinguishable. In this experiment, PESQ is used to evaluate extracted 
primary components and PEAQ is used to score extracted ambient components.  

When PPR is set to 0.8, evaluation results of various PAE methods are listed in Table 1. The best 
result in each category is in bold. The UAPAE method achieves the best performance, while the PCA 
method is worse than the other PAE methods. 

Table 1 – Objective scores of primary and ambient components extracted with different PAE methods 

  SNRseg (dB) FwSNRseg (dB) LLR PESQ PEAQ 

 

PCA 4.9855 6.4170 1.2766 2.0308 \ 

APEX 5.4509 11.1996 0.3148 2.5319 \ 

APES 5.5786 11.4584 0.2873 2.6277 \ 

UAPAE 8.3941 16.4009 0.2009 2.9283 \ 

 

PCA 4.9886 6.2481 1.2731 2.0255 \ 

APEX 5.7545 11.3184 0.3261 2.5519 \ 

APES 6.0492 12.3706 0.3039 2.6617 \ 

UAPAE 9.1755 16.9130 0.1968 2.9388 \ 

 

PCA 6.9556 18.4903 0.0602 \ -3.412 

APEX 12.2110 24.3520 0.0517 \ -2.593 

APES 12.8904 24.7844 0.0495 \ -2.551 

UAPAE 16.1388 30.3395 0.0289 \ -1.094 

 

PCA 0.9709 12.7951 0.1561 \ -3.713 

APEX 8.2178 22.1753 0.0456 \ -3.536 

APES 8.6797 22.6839 0.0464 \ -3.514 

UAPAE 10.7547 27.1677 0.0185 \ -2.367 

4. CONCLUSIONS 
PAE decomposes a stereo mixture into separated primary and ambient components and forms an 

underdetermined problem that always incur errors in the solution. Based on spatial assumption of PAE 
that the ambient components are uncorrelated, the random sign Hilbert filtering decorrelation process 
is investigated in this paper. It is relatively easy to implement and achieves similar decorrelation 
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performance as compared to the random phase decorrelation process. To further support the random 
sign Hilbert filtering decorrelation process, this paper proposes the UAPAE method, which has been 
proved to outperform the other PAE methods in the experiment. The computation complexity of the 
UAPAE method is much lower than the APES method and with similar level of the frequency domain 
PCA and APEX methods. 
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