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gains and the decorrelation gains; and sending, with the at least one processor, the bitstream to 

a decoder. 

[0007] In an embodiment, the method further comprises: computing, with the at least 

one processor, an input covariance based on the input audio signal; and determining, with the 

at least one processor, the overall prediction error using the input covariance. 

[0008] In an embodiment, the computation of the downmix scaling gains further 

comprises: determining, with the at least one processor, upmixing scaling gains as a function 

of the side information transmitted to the decoder; generating, with the at least one processor, 

the representation of the input audio scene from the primary downmix channel and the zero or 

more residual channels by applying the upmixing scaling gains to the primary downmix 

channel such that the overall energy of the input audio scene is preserved; determining, with 

the at least one processor, the downmix scaling gains by solving a closed form solution of a 

polynomial to preserve energy of the input audio scene, where the downmix scaling gains are 

determined when matching energy of the reconstructed input audio scene with the energy of 

the input audio scene. 

[0009] In an embodiment, the upmixing scaling gains to reconstruct the representation 

of the input audio scene from the primary downmix channel and the zero or more residual 

channels is a function of the prediction gains and the decorrelation gains transmitted in the side 

information to the decoder, such that the reconstructed representation of the primary input 

audio signals is in phase with the primary downmix channel, and the polynomial is a quadratic 

polynomial. 

[0010] In an embodiment, the upmixing scaling gains to reconstruct the representation 

of the input audio scene from the primary downmix channel is a function of the prediction 

gains and the decorrelation gains transmitted to the decoder, such that the downmix scaling 

gains obtained by solving the quadratic polynomial scale the prediction gains and the 

decorrelation gains within a specified quantization range. 

[0011] In an embodiment, the preceding method further comprises: at the encoder: 

computing, with at least one encoder processor, a combination of the input downmixing gains 

to be applied to the input audio signal to generate the primary downmix channel, and the 

downmix scaling gains, wherein the input downmixing gains are computed as a function of the 

input covariance of input audio signal; generating, with the at least one encoder processor, the 

primary downmix channel based on the input audio signal and the input downmixing gains; 

generating, with the encoder processor, the prediction gains based on the input audio signal 

and input downmixing gains; determining, with the at least one encoder processor, the residual 
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the active downmixing scheme is desired to reduce the overall prediction error by generating 

better prediction coefficient estimates that are within a desired quantization range. 

 

2.2 Active Downmix Coding Scheme 

 

[0067] A solution to do active downmixing is described below. This solution aims at 

generating a representation of dominant eigen signal by scaling and adding W, X, Y, Z input 

channels.  The prediction matrix or downmix matrix is given by Equation (13) as: 

   dmx[���] =  
 1 fgu�∗−gu�    I� − g�fu�u�∗�                                                      

[13] 

[0068] The downmix channels W’ are computed as: 

     W′ =  dmx ×  U,          

[14]                                                                                   where U is input FoA signal given as 

:  

        U= [W X Y Z]�
,          

[15] gu�  are the prediction parameters [p1, p2, p3] that are coded and sent to the decoder, � = �(p"� + p�� + p��) , u� is unit vector, f is a constant (e.g., 0.5) known to both the encoder and 

decoder.  For a single channel downmix, the W’ = W + fp1X + fp2Y + fp3Z channel is coded 

and sent to the decoder along with prediction parameters and decorrelation d parameters. 

The decoder applies an upmix matrix to W’ given as:  

 

    umx[���] =  
(1 − fg�) −gfu�∗gu� %I� �,              

[16] 

 

where d are the decorrelation parameters (d1, d2, d3), and the reconstructed FoA signal is given 

as: 

  U& =  umx × [W′ D1(W′) D2(W′) D2(W′)]�
,                                         

[17] 

where D1(W’), D2(W’) and D3(W’) are three outputs of decorrelator block. 

[0069] This solution in general provides better estimates of prediction parameters over 

a passive downmix scheme, brings the prediction parameters within a desired quantization 
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range and reduces the overall prediction error.  However, the solution relies on decorrelator 

outputs to reconstruct the W channel from the downmix W’ and thus can lead to audio artifacts.  

Also, given that the input downmixing gains (fgu� ) are directly proportional to prediction 

parameters, it has been observed that this solution provides higher estimates of prediction 

parameters than desired and can result in spatial distortion in reconstructed FoA output. 

   

2.3 Example Embodiments of Proposed Adaptive Downmix Coding Schemes 

 

2.3.1 Adaptive Downmix Coding Scheme 

 

[0070] The goal of the adaptive downmix strategies (herein also referred to as adaptive 

active downmix strategies) described below is to provide better estimation of prediction 

parameters p by computing the input downmixing gains (herein also referred to as active 

downmixing coefficients) fgu�∗ given in [13] by various methods. 

[0071] In some embodiments, the input downmixing gains are computed such that the 

total square prediction error is minimized, wherein the prediction waveform error is given as: 

     E = pW′ − U,                        

[18] 

and the mean squared prediction errors (prediction error per signal) (4x1) are given by: 

     E* =  diag(EE-),           

[19] 

where the total square prediction error is given by: 

     E./. =  E*E*- ,           

[20] 

where p is the inverse prediction matrix. 

[0072] In some embodiments, the input downmixing gains are computed such that the 

post prediction covariance is minimized. 

[0073] In some embodiments, the input downmixing gains are computed such that the 

prediction parameters are in a desired quantization range. 

[0074] It has been observed that for low downmix channel configurations, the audio 

quality with SPAR coding is better with the disclosed active downmix coding scheme than 

with the current passive downmix coding scheme.  For some audio content, however, the 



        

 18 

quality is better with the passive downmix scheme, suggesting an adaptive operation of the 

active downmix coding scheme. 

[0075] Based on the above-described observations an adaptive downmix scheme is 

disclosed below that computes input downmixing gains depending on signal properties.  This 

signal dependent computation of input downmixing gains can be incorporated per processed 

frequency band and audio frame or for all frequency bands per audio frame.   

 

2.3.1.1   Selecting Input Downmix Gains Based on Minimum Error 

 

[0076] In an embodiment, the selection of factor “f” in input downmixing gains fgu�∗ 

given in [13] can be derived from calculating the total prediction error (Equation [20]) for each 

possible f and selecting the one with the smallest total prediction error.  Note that once the 

input covariance R is available the total prediction error can be computed efficiently in the 

covariance domain. 

 

2.3.1.2  Adaptive Downmix Scheme Based on Voice Activity 

 

[0077] It has been observed that for voice signals a high value of f can hurt the 

performance of spatial comfort noise during data transmission.  Background noise in speech 

signals is generally diffused and an aggressive active W scheme can result in the W downmix 

channel taking more energy from the residual X, Y and Z channels than desired.  In full 

parametric coding, the comfort noise solution decoder generates 4 uncorrelated comfort noise 

channels with the same spectral shape as the active W downmix channel.  These uncorrelated 

channels are then shaped using SPAR parameters.  Given the extremely low bitrate, coarse 

quantization of SPAR parameters and fully parametric reconstruction during discontinuous 

transmission mode (DTX) frames, where for the current parametric reconstruction the 

additional energy in active W channel is never removed and the output W channel is spatially 

collapsed, high energy comfort noise. 

[0078] It is also desired that the reconstructed background noise at the decoder sound 

continuous during voice activity detection (VAD) active frames and VAD inactive frames.  In 

an embodiment, a passive downmix scheme during VAD inactive frames and active scheme 

during VAD active frames can hurt the overall performance of the IVAS codec.  With 

subjective evaluations, however, it was observed that a reduced value of f (e.g., 0.25) works 

well in general for inactive frames while a high value of f (e.g., 0.5) works well for active 
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frames.  This conditional application of f also helps with keeping the transition between active 

and inactive frames smooth. 

[0079] In an embodiment, SPAR in an active W configuration dynamically chooses 

different values of f based on the VAD decision, where the VAD takes as input the FoA signal.  

A high value of f can be chosen when VAD is active, while a low value of f can be chosen 

when VAD is inactive. 

 

2.3.1.3  Adaptive Downmix Coding Scheme Based On Desired Range of Prediction 

Parameters 

 

First Variant of IVAS method  

[0080] In an embodiment, if f = 0, the decoding reverts to the passive downmix scheme 

described above, resulting in the problematic issue that the prediction parameters “g” may be 

unbounded.  By setting f to a larger value (e.g., f = 0.5), the range of the positive real value “g” 

in Equation [17] can be constrained to g ∈ [0, "√4].  There is some evidence that stability of the 

active downmix strategy can be improved by keeping f small, and only using a larger value of 

f when it is necessary to prevent g from becoming too large.  

[0081] In an embodiment, a potential variant of the active downmix strategy is to set f 

= 0 whenever possible, as long as this keeps g < g& , where in g’ is the desired range for 

prediction parameters, otherwise choose f so that g = g&.  If this leads to an excessively large 

value of g (if g > g&), set g = g& in Equation (17), and then solve a quadratic equation Q(f) = (βg′�)f � + (2αg′� −  βg′)f + wg′ −  α to find f, by setting g = g& and solving for f: 

     f = 89:�;<=>? @(�;A<=A ? 9A:�9<=AB )�9<=A  .          

[21] 

 

[0082] To ensure that the quadratic equation always has at least one real solution, and 

that the largest real solution lies in the range f ∈ [0,
"<&A], it is noted that: 
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     Q 
 "<=A� =  wg& +  α   ≥ 0,          

[22] 

 

where α ≥ 0, ω ≥ 0 and g&  ≥  0, Q(0) = wg& −  α < 0 because 
;E<= > 1, and where there is a 

positive-going zero crossing in the range f ∈ [0,
"<&A].   

[0083] Some example values for g& can be 1.0 (f [0 to 1]), 1.414 (f [0 to 0.5]), and 2 

(f [0 to 0.25]).  The above observations can be summarized as shown in Equations [23] and 

[24]: 

 

     if α ≤ g&w   Kf = 0  g =    ;E ,         

[23]  

 

    otherwise P g = g&
f = 89:�;<=>? @(�;A<=A ? 9A:�9<=AB )�9<=A .       

[24] 

 

[0084] Note that Equations [23] and [24] above may require additional metadata to be 

signaled to the decoder. Sending of additional metadata to indicate value “f” can be avoided by 

using the scaling method described in section 2.3.1.4. 

 

Second Variant of IVAS method  

 

[0085] It is observed that a small value of f is desired when g is small, and a larger 

value of f may give better results when g is large.  There may be some linear relationship 

between f and g that can be exploited to give optimum results in all cases.  For example, if 

f=kg, where k is constant is ≤ 1.0 (typically, 0.5),  

      

   fun(g) ∶     βk�gT + 2αkg� −  βkg� + wg −  α,       

[25]   

 

and this function is well behaved when  

  

   fun(0) =  −α, fun(0) ≤ 0 ,           

[26]      

   fun8k:"/�> =  α + wg, fun8k:"/�> ≥ 0.        

[27]     

Accordingly there is at least one root between 0 and k:"/�.  The derivative of this function is: 

 



        

 21 

   fun&(g):    5βk�g� + 6αkg� −  2βkg" + w,        

[28]  

 

   fun′((5k/2):XY) ∶   6αkg� +  w ≥  0.         

[29]     

[0086] The derivative of this polynomial is monotonically increasing after g =
 (5k/2):XY.  If fun Z(5k/2):XY[ <  0 then there is only one root between (5k/2):XY and (k):XY, 

which is the largest root which makes it easier for Newton Raphson, or other suitable solver, 

to converge to the desired root if the initial condition is set appropriately.  If fun((5k/2):XY)  >
 0 then the largest root is between g = 0 and g =  (5k/2):XY, and in such cases there can be 

multiple roots between g = 0 and g =  (5k/2):XY.   In an embodiment, to find the largest root 

Newton Raphson can be initialized with g = (k):XY  or g =  (5k/2):XY  , and the number of 

iterations can be increased, and the learning rate tuned, such that divergence is avoided and the 

Newton Raphson method slowly converges to the largest root.  Note that with k =
0.5, g will be between 0 to 1.26 and (5k/2):XY =  0.9283.  Sending of additional metadata to 

indicate value “f” can be avoided by using the scaling method described in section 2.3.1.4. 

 

2.3.1.4  Active Downmix Coding with Scaling 

 

Variant of IVAS method  

 

[0087] The inverse prediction is given as:  

 

    InvPred[���] =  
(1 − fg�) −gfu�∗gu� I� �.              

[30] 

 

[0088] With this inverse prediction matrix, the primary channel W can be reconstructed 

from W’, Y’, X’ and Z’, where W’, Y’, X’ and Z’ are the downmix channels after prediction.  

But in the case of parametric reconstruction there are only Ndmx downmix channels, where Ndmx 

is less than 4.  In that case, the missing downmix channel is parametrically reconstructed using 

banded energy estimates of the downmixed channel and a decorrelated W’ signal.  With 

parametric reconstruction the inverse prediction matrix given in [30] may not be able to 

reconstruct W from W’ and may corrupt W further.  

[0089] In an embodiment, a method to solve this problem is illustrated below for a 1-

channel downmix. 
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[0090]  A modified inverse prediction matrix is given as follows: 

 

   InvPred[���] =  
(1 − feg&�) 0g′u� I��,                     

[31]   

where g’ is g/r where r is a scaling factor applied to W’, such that the W channel output of 

inverse prediction is energy matched with W channel input to the prediction matrix, fe, is a 

constant.  

[0091] In an embodiment, the value of “fe” in the inverse prediction matrix given by 

Equation [31] is a constant value that is independent of the value of factor “f” used at the 

encoder while computing input downmixing gains.  In this embodiment, the input downmixing 

gains can be computed without sending any additional metadata to decoder. 

[0092] A new prediction matrix is given as follows: 

Pred[���] =  
 r frgu�∗−gu� I� − ��fu�u�∗�                                                        

[32] 

 

[0093] The post prediction matrix and post inverse prediction matrix (also referred to 

as output covariance matrix) can be computed as:  

   postpredg/h = Pred ∗ ing/h ∗ Pred&,          

[33]  

 

where “Pred” is the prediction matrix given in Equation [32] and incov is the covariance matrix 

of input channels.  The output covariance matrix is given by:  

 

   outg/h =  InvPred ∗ postpredg/h ∗ InvPred&,        

[34]  

 

where “InvPred” is the inverse prediction matrix given in Equation [31]. 

 

[0094] Let w =  ing/h(1, 1)  (i.e. the variance of input W channel) m = postpredg/h(1, 1)  (i.e. the variance of post-predicted W channel) when r = 1.   

[0095] Substituting “Pred” from Equation [32] and “InvPred” from Equation [31] into 

Equation [33] and Equation [34] gives: 

 

    outg/h(1, 1) = mr� 
1 − fi Z<j[���
.         

[35]  

 

[0096] To match the variance outg/h(1, 1) = w,   
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    w =  mr� 
1 − fe Z<j[���
  ,           

[36]  

which can be solved for r to give:    

 

    r = <k?�<kA?�lm<A�  ,              

[37] where gB = @Bn and g are computed using any method mentioned in various embodiments.

     

[0097] Post prediction, the downmix channels X’, Y’ and Z’ indicate the residual 

channels containing the signal that cannot be predicted from W’.  In a parametric upmix case, 

one or more residual channels may not be sent to the decoder; rather, a representation of their 

energy levels (also referred to as Pd or decorrelation parameters) are coded and sent to decoder.  

The decoder parametrically regenerates the missing residual channels using W’, decorrelator 

block and Pd  parameters.  

[0098] The d parameters can be computed as follows: 

 

    NResuu= qressnt�8u,qvv,egtwr∗.j(|qress|)>,        

[38] 

 

   Pd = diag(@max Z0, real8diag(NResuu)>[),       

[39] 

 

where the “scale” parameter is a normalization scale factor.  In an embodiment, scale can be a 

broadband value (e.g., scale = 0.01) or frequency dependent and may take a different value in 

different frequency bands (e.g., scale = linspace (0.5, 0.01, 12) when the spectrum is divided 

into 12 bands), RWW = mr� =    postpredg/h(1, 1)  as per Equation [33] and Resuu is the 

covariance matrix of residual channels which are to be parametrically upmixed at the decoder.  

For a 1-channel downmix Resuu is a 3x3 covariance matrix given by Resuu = postpredg/h(2: 4, 2: 4). 

[0099] In some implementations, the downmix scale factor ‘r’ can be a function of both 

prediction parameters and decorrelation parameters, where decorrelation parameters for one 

channel downmix are defined in Equation [39].  For a 1-channel downmix with improved 

scaling, the inverse prediction matrix becomes: 

   InvPred[���] =  
(1 − feg&� − fe′d&�) 0g′u� I��.         

[40]    
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[00100] Here, fe and fe′ are constants for, e.g., fe=fe′=0.5, d′=d/r and g′=g/r, where r = 

f(g, d), d=sqrt(sum(diag(Pd))) and Pd is computed as per Equation [39]. 

 

[00101] Solving for r using Equations [33] and [34], 

 

    r = <k?@<kA?�4{<A?�4{=|A
�  ,             

[41] 

where gB = @Bn and g is computed using any method mentioned in various embodiments.  

Pd’ = Diag(Pd/r) and g′u� are quantized and sent to decoder and scaling ensures that the 

unquantized and scaled decorrelation and prediction parameters are within the desired range. 

[00102] The final decoded/upmixed output is given as: 

 

 [W′′ Y′′ X′′ Z′′]- = Upmix ∗ [W′ D1(W′) D2(W′) D3(W′)]-
,        

[42] 

 

where,  

 

    Upmix[���] =  
x1["�"] x2["��]x3[��"] x4[���]�,          

[43] 

 

where x1["�"] = (1 − fg&� − f′d&�),  x2["��] = 0,  x3[��"] =  g′u� , and x4[���] =  diag(Pd&), 

         

W’ is the post predicted and scaled downmix channel, D1(W’), D2(W’) and D3(W’) are 

decorrelated outputs of W’ and W’’, Y’’, X’’, Z’’ are decoded FoA channels. 

 

2.3.1.5  Passive Downmix Coding With Scaling 

 

[00103] In the passive downmix method there is the problematic issue that ‘g’, e.g. the 

vector of prediction parameters may be unbounded.  This results in spatial distortions with 

parametric upmix configurations.  At low bitrates, the number of downmix channels can be 

less than 4 and the remaining channels are parametrically upmixed at the decoder.  Upon 

quantization ‘g’ gets bounded which leads to imperfect prediction estimates and the upmix 

relies on more decorrelator energy to parametrically regenerate the Y, X or Z channels.  The 

problem is addressed by a modified passive scheme described below that applies dynamic 

scaling to the W channel during the downmix process. The scaling is calculated such that ‘g’ 
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never goes out of bound, and during the parametric upmix more energy is derived from the 

available representation of W channel instead of the decorrelated signals. 

[00104] Below is an example implementation of a scaled passive downmix coding 

scheme with 1-channel downmix. 

[00105] FoA input is given by U =  [W X Y Z]-
.  The input signal (4 x 4) 

covariance matrix:  R = UU-.  In default passive scheme prediction parameters are computed 

as p = v}~vv~  , where p =  [1 p" p� p�]-
.  The downmix prediction matrix is given as: 

 

    Pred[���] =  
 1 0−gu� I��,           

[44] 

 

where g =  �p"� + p�� + p�� , and gu� = [p", p�, p�]- , prediction parameters transmitted to 

decoder are quantized p", p�,  p�.  The inverse prediction upmix in passive coding scheme is 

given as: 

    InvPred[���] =  
 1 0g′u� I��.          

[45]  

 

[00106] With scaling, downmix prediction matrix is changed to: 

 

    Pred[���] =  
 r 0−g′u� I��,          

[46]   

where  g& = <j and r is the scaling factor, and the inverse prediction upmix matrix is changed 

to: 

 

    InvPred[���] =  
(1 − feg&�) 0g′u� I��.         

[47] 

where fe is a constant (e. g. , 0.5). 

[00107] Putting these values in Equations [33] and [34] and equating outg/h(1, 1) = W, 

gives: 

     1 =  r� 
1 − fe Z<j[���,           

[48] 

 

where solving for r gives: 

     r = <k?�<kA?�4{<A�  , where gB = 1.        

[49]  
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[00108] With scaled passive downmix scheme, prediction parameters transmitted to 

decoder are quantized p1/r, p2/r, p3/r. Since scaling factor ‘r’ is a function of prediction 

parameters, it boosts the energy in W enough to makes sure that prediction parameters are 

within the desired range. Scaling factor ‘r’ may be banded or a broadband value. 

[00109] In some implementations, scaling factor ‘r’ can be a function of both prediction 

parameters and decorrelation parameters as shown in Equation [41].  For passive downmix this 

scaling factor comes to be: 

    r = <k?@<kA?�4{<A?�4{= |A
�  , where  gB = 1.        

[50] 

 

2.3.1.6  Adaptive Downmix Coding With Scaling 

 

[00110] It is observed that scaled active W downmix coding method works best in 

conditions when there is high correlation between the W and X, Y, Z channels while the scaled 

passive W downmix coding method works best when the correlation is low.  Hence, in some 

implementations, a more robust solution can be derived by appropriately switching between 

scaled passive and active W coding schemes. 

[00111] In an embodiment, the active W downmix coding method can be based on the 

solutions described in section 2.3.1.2.  The scaling of the active W downmix coding method be 

performed in accordance with the solution described in section 2.3.1.4, and the scaling of 

passive W downmix coding method can be performed in accordance with the solution 

described in section 2.3.1.5.   An example implementation of adaptive downmix with scaling 

is described below. 

[00112] FoA input is given by U =  [W X Y Z]-
.  The input signal (4 x 4) 

covariance matrix:  R = UU-. Compute a passive prediction coefficient factor �����, where g*jr| =  �p12 + p22 + p32, 
where p1, p2 and p3 area calculated as follows: 

    p = v}~vv~  , where p =  [1 p" p� p�]-
.        

[51]  
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[00113] If g*jr| ≥ thresh, then compute active W prediction parameters g′u�, scaling 

factor  ‘r’,  prediction matrix, inverse prediction matrix, downmix and upmix matrices as per 

Equations [31] to Equation [41] in section 2.3.1.4. 

[00114] If g*jr| < thresh,  then compute passive W prediction parameters g′u� , 

scaling factor  ‘r’,  prediction matrix, inverse prediction matrix, downmix and upmix matrices 

as per Equations [44] to Equation [50] in section 2.3.1.5. 

[00115] Since, the inverse prediction matrix on the decoder side is same for scaled 

passive and active W downmix coding methods as given in Equation [31] and Equation [47], 

no additional side information is required to signal whether the downmix is coded with scaled 

active or passive W downmix coding methods.  Another approach is based on a maximum scale 

factor r, as described in section 2.3.1.7. 

 

2.3.1.7  Softly Switching Between Scaled Passive and Active Downmix 

 

[00116] In this embodiment, a scaled version of the W signal (e.g., no contributions from 

Y, X, Z signals) is used as the downmix in the active downmix coding method as long as the 

required scaling factor r does not exceed an upper limit.  The adaptive scaling pushes prediction 

and decorrelator parameters into a good range for quantization, and not mixing Y, X, Z signal 

contributions into the downmix can avoid artifacts for some types of signals.  On the other 

hand, large variations of the downmix scale factor r can lead to artifacts as well.  Therefore, if 

the maximum scale factor per frequency band exceeds an upper limit (e.g., typically 2.5), then 

the example iterative process described below can be used to determine downmix coefficients 

with contributions from Y, X, Z signals, such that the scaling factor r is within the maximum 

limit. Compared to the original active W algorithm, the additional scale factor r allows for 

optimal prediction coefficients.  

[00117] The example iterative process referenced above is described as follows: 

 

1. define downmix coefficients: � =  [1 0 0 0], 
2. compute prediction parameters using p = v}~vv~, 

3. compute decorrelator parameters using d = sqrt( ��vv~ ), Ep computed as per Equation 

[19], 

4. compute downmix scale factor using r=r1 from Equation [49], 

5. scale prediction and decorrelator parameters by 1/r, scale downmix as W’ = r*W 
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6. define unit vector � =  [p" p� p�]/�p"� + p�� + p��, 

7. define unit vector scaling h = 0.1 and maximum scaling factor r_max = 2.5, 

8. while ( r > r_max && h <= 0.5 ) 

a. define downmix coefficients � = [1 h�], 
b. Compute primary downmix channel M without scaling, 

c. compute prediction parameters using p = �}~��~, 
d. compute decorrelator parameters using d = sqrt( ����~ ), 
e. compute downmix scale factor using r=r1 from Equation [37], 

f. scale prediction and decorrelator parameters by 1/r, scale downmix as W’ = r*M 

and 

g. increment unit vector scaling: h = h + 0.1 

 

2.3.1.8 Active Downmix Coding Scheme Based on Eigensignal 

[00118] For this embodiment, the terminology is defined as follows: the input signal to 

encoder = [W X Y Z]T , the encoder signal to be passed on to the EVS encoder = [W’ X’ Y’ 

Z’]T  (some channels may be discarded prior to EVS encoding), the EVS decoder output prior 

to the prediction set in the decoder = [W” X” Y” Z”]T (if the encoder discarded some channels, 

then only a subset of this vector will exist) and the output from decoder = [Wout Xout Yout Zout]
T. 

[00119] If we assume that the IVAS “core coder” works by discarding channels X’, Y’, 

Z’ and EVS coding the W’ channel, then: 

 

      �W″X″Y″Z″ � = �Dec���(Enc���(W′))000 � .        

[52] 

  

[00120] If there is complete freedom over the parameters used in the decoder for 

generating the output signals from �, then, in an embodiment, a least-squares optimal solution 

is found by implementing a Kanade-Lucas-Tomasi (KLT)-type E1 coder.  In an alternative 

embodiment, the goal of the active W prediction system is stated as: add some constraints to 

the KLT method to reduce the discontinuity problems that often arise and keep the constraints 

to a minimum to come as close as possible to the optimal performance that is achieved by the 

KLT method. 
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[00121] The prediction methods (both passive and active) are generally based on the 

notion that the downmix signal (W′) should have a reasonably large positive correlation to the 

original W signal.  A potential method for achieving this is to apply the KLT method to a 

boosted-W channel set (e.g., a set of 4 channels where the � channel has been amplified by a 

scale factor ℎ ), referred to hereinafter as the “boosted-KLT” method.  Let the vector � 

represent this boosted-W signal: 

[00122]  

        T = �hWXYZ� ,          

[53] 

  

and let Q be the largest eigenvector of T × T∗: 

 

        Q = �q�q"q�q�
�  where: ∑ q��� = 1,         

[54] 

  

where the eigenvector is chosen so that q� ∈ ℝ and q� >= 0 (thus ensuring that our downmix 

signal will be positively correlated with W, if possible).   

[00123] Note that the fact that the need to choose an eigenvector from a set of candidates 

stems from the fact that, if Q is an eigenvector, then so too is λQ, where λ is any unity-

magnitude complex scale-factor, and the choice is made by choosing a value for λ that makes q� a non-negative real quantity.  The act of choosing λ can be a source of discontinuity in the 

behaviour of the codec, and this erratic behavior can be avoided by ensuring that q� is not close 

to zero, and making the boost-factor, h, large, so that the boosted hW signal is large enough to 

form a significant component of the E1 signal. 

[00124] E1 is formed as:  

    E1 = Q-X T = hq�W + q"X + q�Y + q�Z.              

[55] 

[00125] In the decoder, the least-squares best estimate of T is reconstructed using the 

eigenvector Q and the output can then be formed by undoing the boost-gain h: 
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T� = Q × E1
and so: �W/s.X/s.Y/s.Z/s.

� = ⎝⎛
"� 0 0 00 1 0 00 0 1 00 0 0 1⎠⎞ × Q × E1

= ⎝⎛
"� q�q"q�q�⎠⎞ × E1.

        

[56]  

 

[00126] However, Equation [56] can be implemented by using the transmitted 

prediction parameters (p", p� and p�) and the constant fe, by applying a scale-factor, r, to E1 

(this scale factor will be applied in the encoder): 

 

     �W/s.X/s.Y/s.Z/s.
� = �1 − fi(p"� + p�� + p��)p"p�p�

� × E1 × r .         

[57] 

  

[00127] The desired “boosted-KLT” behavior of Equation [56] can be achieved by the 

method of Equation [57] if r is chosen according to: 

 

       r = ��?@�lm�A(":��A)?��A��  ,          

[58] 

 

and then compute: 

 

      p" = �Xj , p� = �Aj  and p� = �Yj . 

 

[00128] The embodiment described above is summarized as follows. 

  Encode Step 1: 

[00129] Given the Covariance of the input signals Cov}, use the daigonal terms (W�, 

X�, Y� and Z�) to determine h = @ A?¡A?¢AvA  (but limiting h to the range 1 ≤ h < 10). 

  Encode Step 2: 

[00130] Form the covariance of the boosted-W signal: Cov- = diag[h, 1,1,1] × Cov} ×diag[h, 1,1,1]. 
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  Encode Step 3: 

[00131] Determine the dominant eigenvector: Q = [q�, q", q�, q�]-, such that q� ∈ ℝ 

and q� ≥ 0. 

  Encode Step 4: 

[00132] Assuming f = "� , compute r = ��?@�lm�A(":��A)?��A�� , and hence compute the 

decoder prediction parameters: p" = �Xj , p� = �Aj , p� = �Yj . 

  Encode Step 5: 

[00133] From the downmix signal W′ = r(hq�W + q"X + q�Y + q�Z). 

   

Encode Step 6: 

[00134] Determine the decorrelation gain coefficients d" , d�  and d�  as per Equation 

[39] 

 

  Decode: 

[00135] Given the EVS output W″, assuming fe = "�, and given the metadata {p�: i =1. .3}, compute the output signals: 

     W/s. = W″(1 − fe(p"� + p�� + p��)),         

[59] 

     X/s. = p"W″ + d"D"(W″), 

     Y/s. = p�W″ + d�D�(W″) 

     Z/s. = p�W″ + d�D�(W″). 

 

2.3.1.9  Scaled Active Downmix Coding Scheme Based on Pre-scaling of W 

Channel 

 

[00136] While creating a representation of the dominant eigen signal with active 

prediction (i.e., mixing components from X, Y and Z into W), one of the challenges is to get a 

smooth/continuous  representation of the dominant eigen signal across the frequency spectrum 

and across frame boundaries in the time domain.  While the previously described active 

prediction approaches try to solve this problem, there are still some cases where the amount of 

rotation (or mixing) from X, Y and Z channel into W is either too aggressive, which causes 

discontinuities (or other audio artifacts) or no rotation at all (passive prediction), which fails to 

give optimum prediction and relies more on decorrelators to fill the unpredicted energy.  

Accordingly, the approaches described above may provide prediction that is too aggressive or 
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too weak.  In an embodiment, W is scaled prior to performing active prediction. The idea 

behind this embodiment is that pre-scaling of the W channel would ensure that the post active 

prediction W channel (or the representation of dominant eigen signal) comprises most of 

original W.  This means that the amount of X, Y and Z to be mixed with W is reduced, and 

therefore results in a less aggressive active prediction, while still resulting in stronger 

prediction as compared to the passive (or scaled passive) approaches described above. The 

amount of pre-scaling is determined as a function of variance of W and X, Y, Z channels such 

that W becomes close to the dominant energy signal before doing active prediction. 

[00137] Below is an example implementation of pre-scaled W active prediction 

downmix coding scheme with 1 channel downmix.  Let the FoA input be given as U =  [W X Y Z]-
, and the input signal (4 x 4) covariance matrix give as:  

    ing/h[¥¦¥] = UU- =  Z w αu�∗αu� R [,         

[60] 

 

where u� is 3x1 unit vectot and R is a 3x3 covariance matrix of X, Y and Z channels, and w is 

the variance of the W channel. 

[00138] Now pre-scale the W channel prior to doing active prediction.  The pre-scaling 

factor “h” is a function of variance of X, Y, Z and W and is computed as follows: 

 

   h =  max §1, min §Hmax, @.jtgr(q)B   ©©,        

[61]  

 

where h is the prescaling factor, Hmax is a constant (e.g., 4) that puts an upper bound on 

prescaling. 

[00139] Pre-scaling matrix is given as: 

 

   Hscale[���] =  
h 00 I��.          

[62]            

[00140] Next, compute active prediction parameters based on scaled covariance matrix 

given below scale_cov[���] = Hscale ∗ in_cov ∗ Hscale& and solve for “g” based on the scaled 

input covariance results in cubic(g) as follows: 

 

  cubic(g) = (βf �)g� + (2fhα)g� + (h�w − βf)g − (hα).                   

[63]   

[00141] Alternatively, one can solve for g and f as follows: 
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 if ;�B ≤ g&then g =  ;�B , else fix g = g&and solve for f, then 

 quadratic(g) = (βg′�)f � + (2g′�hα −  βg′)f + (h�wg′ − hα),         

[64]  

 

 

  f = 89:�;�<=>? @(�;A�A<=A ? 9A:�9<=AB�A )�9<=A  ,         

[65]   

or 

   f = 89:�;�<=>? �((9:�;�<=)A?�9<=�(;:<&B�))�9<=A  .        

[66]   

[00142] Since 4βg&h(α − g&wh) > 0, as α >  g&wh f can be written as:  

 

   f = 89:�;�<=>? t«e89:�;�<=>?¬�9<=A ,           

[67] 

where C is a positive constant and noting that  (β − 2αhg&) +  abs(β − 2αhg&) will either be 

0 or always decrease as he increases. 

[00143] It is also known that C decreases if  4βg&h(α − g&wh) decreases 4βg&h(α −g&wh) decreases as h increases if α < g&w(2h + δ), where δ is the increment in value of h .  
[00144] Hence, the overall value of “f” should decrease with increase in value of “h” 

unless input covariance is too high in which case controlling X, Y, Z mixing into W may not 

be required anyway. 

[00145] Now, with pre-prediction scaling “h” and post-prediction scaling “r”, the 

prediction matrix is computed as follows: 

 

    Pred["��] = (hr rfgu�∗).          

[68]      

[00146] This results in post prediction W signal as: 

 

     W’ = (h*W + p1fY + p2fX + p3fZ)*r,         

[69] 

where gu� (or [p1, p2, p3]) is a 3x1 vector that represents the prediction parameters, r is the 

scaling factor to scale post predicted W, such that energy of upmixed W is the same as the input 

W. 
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[00147] The computation of post prediction scaling factor “r” is same as given in section 

2.3.1.4, Equation [37]: 

    r = <k?�<kA?�4{<A�  , where gB@Bn,             

[70] 

and g is computed using any method disclosed in previous embodiments. 

 

[00148] Now, the scaled prediction parameters are computed as: 

   g& = <j ,   where g&u�  (or [p1& p2& p3&])           

[71] 

 

Decorrelation Parameters 

 

[00149] In an embodiment, the downmixed (or post predicted) W channel variance is 

given by: m =  Pred["��] ∗  ing/h[¥¦¥] ∗  Pred′[��"].        

[72] 

 

[00150] Decorrelation parameters are computed as normalized uncorrelated (or 

unpredictable) energy in Y, X and Z channels with respect to the post predicted W channel.  In 

an example implementation, decorrelation parameters (Pd parameters) with a pre-scaled W 

active downmix coding scheme can be computed from a scaled covariance scaled as per 

Equation [62] and an active downmix matrix given as 

 Dmx[���] =  
 r rfgu�∗−gu�    I� − g�fu�u�∗�,                    

[73] 

 PostP =  Dmx[���] ∗ scale_cov[���] ∗  Dmx′[���] ,       

[74] 

  Res[���] = Postp(2: 4, 2: 4),          

[75] 

    NRes[���] = qre[Y¦Y]nt�Z®,n,egtwr∗tr8¯qre[Y¦Y]¯>[ ,         

[76]   

 Pd[��"]= diag(@max 
0, real Zdiag8NRes[���]>[�).                    

[77]   
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[00151] Here, Equation [77] gives the decorrelation parameters (3x1 Pd matrix or d1, d2 

and d3 parameters) to be encoded and sent to decoder.  And “m” is the variance given in 

Equation [72], scale is a constant between 0 and 1. 

 

Decoder 

[00152] In an embodiment, decoder receives coded W’ PCM channel (given by Equation 

[69]), coded prediction parameters (given by Equation [71]) and coded decorrelation 

parameters (given by Equation [77]).  The mono channel decoder (e.g., EVS) decodes the W’ 

channel (e.g., let the decoded channel be W’’), the SPAR decoder then applies an inverse 

prediction matrix to the W’’ channel to reconstruct a representation of the original W channel 

and the elements of X, Y and Z that can be predicted from the W’’ channel.  

[00153] In an embodiment, the inverse prediction matrix is given as follows: 

   InvPred[���] =  
(1 − feg&�) 0g′u� I��.          [78]     
[00154] SPAR applies inverse prediction matrix and decorrelation parameters to 

reconstruct a representation of original FoA signal, where reconstruction of the FoA signal is 

given as follows: 

     W/s. = W″(1 − feg&�),          

[79] 

 

     X/s. = p"′W″ + d"D"(W″),           

[80] 

 

     Y/s. = p�′W″ + d�D�(W″) and 

 

     Z/s. = p�′W″ + d�D�(W″).          

[81] 

 

[00155] Here, d1, d2 and d3 are decorrelation parameters and D"(W�), D�(W�), D�(W″), 

are three decorrelated channels with respect to W’’ channel. 

 

2.3.1.10  Scaled Active Downmix Scheme Based on Normalized Covariance 

[00156] Another embodiment to create a representation of the dominant eigen signal is 

by rotating the FoA input as a function of the normalized covariance of WX, WY, and WZ 

channels. This embodiment ensures that only the correlated components in the X, Y and Z 

channels are mixed into the W channel, thereby reducing the artifacts that may arise due to 

aggressive rotation (or mixing) by the previously described methods, especially when dealing 
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with parametric upmix as there is no way to undo an imperfect mixing of X, Y, Z into W at the 

decoder side.  Another benefit of this approach is that it simplifies the calculation of ‘g’ (active 

prediction coefficient factor) resulting in a linear equation in ‘g’. 

[00157] Below is an example implementation of active prediction downmix coding with 

1 channel downmix where a representation of dominant eigen signal is formed by performing 

a rotation (that is a function of normalized covariance factor) to the input FoA signal. 

[00158] Let the FoA input be given as U =  [W X Y Z]�
 and the input signal (4 x 

4) covariance matrix:  

  ing/h[¥¦¥] = UU- =  Z w αu�∗αu� R [,            

[82] 

 

where ±�  is a 3x1 unit vector and R is 3x3 covariance matrix between the X, Y and Z channels 

and w is the variance of the W channel. 

[00159] Let “F” be a function of normalized “α” that gives the amount of mixing to be 

done from X, Y, Z into W channel to form a representation of the dominant eigen signal.  The 

active prediction matrix can then be given as follows: 

 

Pred[���] = 
 1 Fu�∗−gu� I� − gFu�u�∗� , where F = min §1, 4;nt�ZnB,³´µ¶·(¸)X [© .                     [83]  
[00160] In an embodiment, the normalization term in the calculation of “F” is chosen 

such that it results in optimum mixing of X, Y, Z into W even in corner cases when energy in 

W is too low or too high as compared to the X, Y and Z channels. 

[00161] In Equation [83], “f” and “m” are constants such f < =1 and m > =1 (e.g., f = 

0.5 and m = 3), it may be desired to have a lower value of F when the W variance is already 

high as compared to X, Y and Z channel variances, and hence the factor “m” helps with 

achieving the desired normalization in such cases. 

[00162] In an embodiment, the post prediction matrix after applying the prediction 

matrix in Equation [83] to the input is given as: 

   Post_prediction[���] = Pred ∗ in_cov ∗ Pred&        Post_prediction[���] =  Zm r�∗r� Res[,              [84]  where r� is minimized by setting u�* × r�=0.  This results in a linear equation in g: 
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   linear(g) =  gβF� + 2αgF + wg −  βF −  α,    g = ;? 9¼9¼A?�;¼ ? B .       [85]    
[00163] If there is no rotation (i.e., F=0), then g = α/w, which is the same as the 

passive prediction coefficient factor.   

[00164] When correlation between the W and the X, Y, Z channels is very low, such that 

is ½ ≈ 0, then the result is ¿ ≈ 0 which means zero ( or close to 0) amount of mixing is to be 

done from X, Y, and Z into W.  Inversely, when there is high correlation between the W and 

X, Y, Z channels and the variance of W is lower than X, Y and Z channels then that would 

result in high value of F as desired.  Post active prediction, it may still be desired to do scaling 

on the post predicted W to ensure that the variance of the upmixed W is same as the input W, 

and also to ensure that the prediction parameters are in desired range. 

[00165] In an embodiment, the actual prediction matrix for a 1-channel downmix, post 

scaling, is given as: 

   Pred["��] = (r rFu�∗),          [86]   where r is the post prediction scaling factor.    
[00166] This results in the post prediction W’ signal:  

 

   W’ =  (W +  Fu"Y +  Fu�X +  Fu�Z) ∗ r,         

[87] 

 

where F is given in Equation [83], (u1, u2, u3) is a unit vector given by u� in Equation [82]. 

 

[00167] The computation of the post prediction scaling factor “r” is same as given in 

section 2.3.1.4 Equation (37) by using the inverse prediction matrix given in Equation [31] and 

prediction matrix given in Equation [86] and substituting them in Equation [33] and Equation 

[34]: 

    r = <k?�<kA?�4{<A�  , gB = @Bn ,             

[88] 

where m is the post predicted W variance with r = 1 as per Equation [33]. 

 

[00168] The scaled prediction parameters are given by: 
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     g& = <j,             

[89] 

and g′u� (or [p1, p2, p3]) is a 3x1 prediction parameters vector to be encoded and sent to the 

decoder. 

 

Decorrelation Parameters 

[00169] From Equations [82] and [86], the downmixed (or post predicted) W channel 

variance is given by: m′ =  Pred["��] ∗  ing/h[¥¦¥] ∗  Pred′[��"].         

[90] 

 

[00170] In an embodiment, decorrelation parameters are computed as normalized 

uncorrelated (or unpredictable) energy in Y, X and Z channel with respect to post predicted W 

channel. 

[00171] In an embodiment, the decorrelation parameters (Pd parameters) can be 

computed from Post_prediction[���] computed in Equation [84]: 

 Res[���] = Post_prediction(2: 4, 2: 4),        

[91] 

    NRes[���] = qre[Y¦Y]nt�Z®,n&,egtwr∗.j8¯qre[Y¦Y]¯>[,                   

[92]   

 Pd[��"]= diag(@max 
0, real Zdiag8NRes[���]>[�).       

[93]  

 

[00172] Here, Equation [93] gives the decorrelation parameters (3x1 Pd matrix or d1, d2 

and d3 parameters) to be encoded and sent to decoder.  And “ m’ ” is the variance given in 

Equation [90], “scale” is a constant between 0 and 1. 

 

Decoder 

[00173] In an embodiment, the decoder receives the coded W’ PCM channel (given by 

Equation [87]), coded prediction parameters (given by Equation [89]) and the coded 

decorrelation parameters (given by Equation [93]). 

[00174] In an embodiment, the mono channel decoder (e.g., EVS) decodes the W’ 

channel (let the decoded channel be W’’), and the SPAR decoder then applies an inverse 
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prediction matrix to the W’’ channel to reconstruct a representation of the original W channel 

and the elements of X, Y and Z that can be predicted from the W’’ channel.  

[00175] Inverse prediction matrix is same as in Equation [31]: 

   InvPred[���] =  
(1 − feg&�) 0g′u� I��.         [94]   
[00176] In an embodiment, SPAR applies the inverse prediction matrix and 

decorrelation parameters to reconstruct a representation of the original FoA signal, where the 

reconstruction of FOA signal is given as follows: 

 

     W/s. = W″(1 − feg&�),          

[95] 

 

     X/s. = p"′W″ + d"D"(W″),          

[96] 

 

     Y/s. = p�′W″ + d�D�(W″) and        

[97] 

 

     Z/s. = p�′W″ + d�D�(W″).         

[98] 

 

[00177] Here, d1, d2 and d3 are decorrelation parameters and D"(W�), D�(W�), D�(W″), are three decorrelated channels with respect to the W’’ channel. 

2.3.2  Passive Downmix Coding Scheme 

[00178] In the passive downmix coding scheme, any downmix can be chosen for 

transmission which enables the best possible reconstruction of the FoA signals using N (e.g., 

N=3) prediction parameters and M (e.g., M=3) decorrelator parameters.  The original W is 

transmitted for the passive downmix coding scheme, e.g. no downmix operation is performed.  

The advantage of this approach is that the downmix signal is not prone to any instability issues 

which might be introduced by a signal adaptive downmix.  The disadvantage is that the 

reconstruction (prediction) of FoA signals X, Y, Z is suboptimal.  Therefore, different downmix 

strategies are described below which reduce the waveform reconstruction error of the FoA 

signals compared to transmitting W. In all cases, the FoA signals X,Y,Z are predicted by a 

single prediction parameter each and the downmix represents W.  The downmix is scaled such 

that the energy of the downmix matches the energy of W.  It is possible to apply the downmix 

strategies described below in the active downmix coding scheme as well.  
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2.3.2.1  Propose Adaptive Downmix Strategies 

2.3.2.1.1 Smoothing 

[00179] For all adaptive downmix strategies there is the risk to introduce temporal 

instabilities (artefacts) when the downmix coefficients or the scaling factor change to quickly 

(in time) or across frequency bands. Furthermore, if the downmixing is performed in a down-

sampled filter bank domain, modifying the signals too drastically can increase aliasing 

distortion in the synthesis. Therefore, coefficients should change relatively smoothly over time 

and frequency. It is proposed to smooth downmix coefficients over time by a first order IIR 

filter or a FIR filter. Smoothing over frequency bands can be done with a delay less moving 

average FIR filter. 

[00180] Alternatively, the adaptive downmix may be a broadband downmix, e.g. the 

time frame adaptive downmix coefficients are identical for all frequency bands, while the 

prediction and decorrelator parameters are frequency band dependent.  

    

2.3.2.1.2 Stabilized Eigensignal 

[00181] In an embodiment, the dominant Eigensignal, which is derived from the 

Eigenvector with the highest eigenvalue based on the input Covariance R, is transmitted to the 

decoder.  The problem with that is that the Eigensignal may be temporally unstable. This 

problem can be mitigated by transmitting a “boosted” Eigensignal with W being forced 

dominant (boosted before deriving the Eigenvector) according to Equation [55] in section 

2.3.1.7, such that � =  [ℎÁ� Á" Á� Á�] with additional energy (W) preserving scaling factor r. 

 

2.3.2.1.3 Ad-Hoc Heuristic Downmix Rule 

[00182] This approach is based on the observation, that the downmix should be 

correlated to some extent with the signals to predict. This is especially true if the target signal 

energy is large and thus perceptually important. Since we allow for negative valued prediction 

parameters, we should take care to coherently add downmix signals X,Y,Z to W (e.g. with the 

correct sign).  

[00183] These considerations lead to the following downmix Rule (Matlab notation):  
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   A =  diag(R) sign8R(: ,1)> 
1 − [�;|q(�:�,")|]e�j.8q(",") |�t<(q)>�,        

[99] 

with energy scaling according to Equation [87].  In experiments, the total prediction error 

with this downmix strategy is significantly smaller than for the standard passive downmix. 

 

2.3.2.1.4 Static Downmix Coefficients 

[00184] Less prone to instability artefacts is an empirically derived downmix with fixed 

initial coefficients.  One possible downmix could be: 

     A =  [1 0.3 0.2 0.1]. 
[00185] Note that even though the coefficients are fixed, when scaling with respect to 

the energy of W, the downmix becomes adaptive.  

 

2.3.2.1.5 Iterative Adjustment 

[00186] This strategy iteratively reduces the total prediction error by adding 

contributions of signals to W which generate the largest prediction error according to Equation 

[86] measured per iteration.  The quantization limitation of prediction parameters can be 

considered when calculating the total prediction error.  In an embodiment, the following 

iterative processing is applied: 

• Initialize A = [1,0,0,0], Tuning constant k = 0.2 

• Run iteration loop (few times like 1, 2, 3 or 4) 

o Calculate the prediction error per signal E* per Equation [91] 

o Variant 1 

 Find signal (id) with highest prediction error 

 Increment downmix coefficient:  A(id) = A(id) + k sign8R(id, 1)>|A| 
o Variant 2 (increment all coefficients in one step per iteration) 

 A = A +  k sign8R(: ,1)>�E* 

o Apply scaling to downmix coefficients (preserve W energy) 

o Calculate prediction parameters, Equation [84] 
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o Limit prediction parameters to quantization range  

[00187] FIG. 3 is a flow diagram of an audio signal encoding process 300 that uses an 

encoding downmix strategy applied at an encoder that is different than a decoding downmix 

strategy applied at a decoder.  Process 300 can be implemented, for example, by system 700 as 

described in reference to FIG. 7. 

[00188] Process 300 includes the steps of obtaining an input audio signal representing 

an input audio scene and comprising a primary input audio channel and side channels (301), 

determining a type of downmix coding scheme based on the input audio signal (302), based on 

the type of downmix coding scheme: computing one or more input downmixing gains to be 

applied to the input audio signal to construct a primary downmix channel (303), wherein the 

input downmixing gains are determined to minimize an overall prediction error on the side 

channels, determining one or more downmix scaling gains to scale the primary downmix 

channel (304), wherein the downmix scaling gains are determined by minimizing an energy 

difference between a reconstructed representation of the input audio scene from the primary 

downmix channel and the input audio signal, generating prediction gains based on the input 

audio signal, the input downmixing gains and the downmix scaling gains (305); determining 

one or more residual channels from the side channels in the input audio signal by using the 

primary downmix channel and the prediction gains to generate side channel predictions and 

then subtracting the side channel predictions from the side channels (306); determining 

decorrelation gains based on energy in the zero or more residual channels (307); encoding the 

primary downmix channel, the zero or more residual channels and side information into a 

bitstream, the side information comprising the prediction gains and the decorrelation gains 

(308); and sending the bitstream to a decoder (309).  Each of these steps were described in 

detail in previous sections. 

[00189] FIGS. 4A and 4B is a flow diagram of process 400 for encoding and decoding 

audio, according to an embodiment.  Process 400 can be implemented, for example, by system 

700 as described in reference to FIG. 7. 

[00190] Referring to FIG. 4A, at an encoder, process 400 includes the steps of: 

computing a combination of the input downmixing gains to be applied to the input audio signal 

to generate the primary downmix channel, and the downmix scaling gains, wherein the input 

downmixing gains are computed as a function of the input covariance of input audio signal 

(401); generating the primary downmix channel based on the input audio signal and the input 

downmixing gains (402); generating the prediction gains based on the input audio signal and 
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input downmixing gains (403); determining the residual channels from the side channels in the 

input audio signal by using the primary downmix channel and the prediction gains to generate 

the side channel predictions and then subtracting the side channel predictions from the side 

channels in the input audio signal (406); determining the decorrelation gains based on the 

energy in the residual channels (407); determining the downmix scaling gains to scale the 

primary downmix channel, the prediction gains and the decorrelation gains, such that the 

prediction gains or the decorrelation gains, or both are in the specified quantization range (408); 

encoding the primary downmix channel, the zero or more residual channels and the side 

information including the scaled prediction gains, and the scaled decorrelation gains into the 

bitstream (409); sending the bitstream to the decoder (410). 

[00191] Referring to FIG. 4B, at the decoder, process 400 continues by decoding the 

primary downmix channel, the zero or more residual channels and the side information 

including the scaled prediction gains, and the scaled decorrelation gains (411); setting the 

upmix scaling gains as a function of the scaled prediction gains and the scaled decorrelation 

gains (412); generating the decorrelated signals that are decorrelated with respect to the primary 

downmix channel (413); and applying the upmix scaling gains to the combination of the 

primary downmix channel, the zero or more residual channels and the decorrelated signals to 

reconstruct the representation of the input audio scene, such that the overall energy of the input 

audio scene is preserved (414). 

[00192] FIG. 5 is a block diagram of a SPAR FOA decoder operating in one channel 

downmix mode with adaptive downmix scheme, according to an embodiment.  SPAR decoder 

500 takes a SPAR bitstream as input and reconstructs a representation of an input FoA signal 

at the decoder output, wherein the FoA input signal comprises a primary channel W and side 

channels Y, Z and X, and the decoded output is given by W’’, Y’’, Z’’ and X’’ channels.  The 

SPAR bitstream is unpacked into core coding bits and side information bits.  The core coding 

bits are sent to a core decoding unit 501 which reconstructs the primary downmix channel W’.  

The side information bits are sent to side information decoding unit 502 which decodes and 

inverse quantizes the side information bits, which comprises prediction gains (p1, p2, p3) and 

decorrelation gains (d1, d2, d3).   

[00193] The primary downmix channel W’ is fed to decorrelator unit 503 which 

generates 3 outputs that are decorrelated with respect to W’. The Y, Z and X channel 

predictions are computed by scaling the W’ channel with prediction gains (p1, p2 and p3) and 

the remaining uncorrelated signal components of the Y, Z and X channels are computed by 

scaling decorrelated outputs of unit 503 with decorrelation gains (d1, d2 and d3).  The prediction 
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components and decorrelated components are added together to obtain the output channels Y’’, 

Z’’ and X’’ at the output of decoder 500. 

[00194] The primary channel downmix W’ output of unit 501 and decoded side 

information output of unit 502 is fed to a scale computation unit 504 that computes the 

upmixing scaling gain to scale W’ channel to obtain the W’’ channel, such that the energy of 

W’’ channel is the same as the energy of the encoder input W channel.  In an embodiment, the 

reconstruction of the FoA signal at the decoder is given by: 

 

    W’’ =  (1 –  f ∗ (p1�  +  p2�  +  p3�)) ∗ W’,      

[100] 

    Y&& = p" ∗ W& + d" ∗ D1(W′),        

[101] 

    Z&& = p� ∗ W& + d� ∗ D2(W&), and        

[102] 

    X&& = p� ∗ W& + d� ∗ D3(W′),        

[103] 

where f is a constant (e.g., f = 0.5) and D1(W’), D2(W’) and D3(W’) are the outputs of 

decorrelator unit 503.  In an example embodiment, core decoding unit 501 is an EVS decoder 

and the core coding bits comprise an EVS bitstream.  In other embodiments, core decoding 

unit 501 can be any mono channel codec. 

[00195] FIG. 6 is a block diagram of SPAR FOA encoder 600 operating in one channel 

downmix mode with adaptive downmix scheme, according to an embodiment.  SPAR encoder 

600 takes an FoA signal as an input and generates a coded bitstream that can be decoded by 

SPAR decoder 500 described in FIG.  5, wherein the FoA input is given by W, Y, Z and X 

channels.  The FoA input is fed into a spatial analyses/side information generation and 

quantization unit 601 that analyses the FoA input, generates input covariance estimates, and 

based on the covariance estimates, computes input downmixing gains (s0, s1, s2 and s3) and a 

downmix scaling gain (r).  In an embodiment, input downmixing gain s0 is equal to 1.  

[00196] Spatial analyses/side information generation and quantization unit 601 

computes prediction gains and decorrelation gains based on the input covariance estimates, 
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input downmixing gains and downmixing scaling gain, such that prediction gains and 

decorrelation gains are within a specified quantization range and then quantizes them.  The 

quantized side information, comprising prediction gains and decorrelation gains ,is then sent 

to side information coding unit 603, which codes the side information into a bitstream.  The 

FoA input, input downmixing gains and downmix scaling gain are fed into downmixing unit 

602 which generates the one channel downmix W’(also referred to as primary downmix 

channel or representation of dominant eigen signal) by applying the input downmixing gains 

and the downmix scaling gain to the FoA input.  The W’ output of downmixing unit 602 is 

then fed into a core coding unit 604 that codes the W’ channel into the core coding bitstream.  

The output of core coding unit 604 and side information coding unit 603 are packed into a 

SPAR bitstream by bit packing unit 605.  

[00197] In an embodiment, spatial analyses/side information generation and 

quantization unit 601 computes the energy estimate of the decoder output W’’ of decoder 500 

and equates it to the energy estimate of the encoder input W of encoder 600, while computing 

the downmix scaling gain, prediction gains and decorrelation gains, thereby preserving energy.  

In an example embodiment, core coding unit 604 is an EVS encoder and the core coding bits 

comprise an EVS bitstream.  In other embodiments, core coding unit 604 can be any mono 

channel codec. 

 

Example System Architecture 

 

[00198] FIG. 7 shows a block diagram of an example system 700 suitable for 

implementing example embodiments of the present disclosure.  System 700 includes one or  

more server computers or any client device, including but not limited to any of the devices 

shown in FIG. 1, such as the call server 102, legacy devices 106, user equipment 108, 114, 

conference room systems 116, 118, home theatre systems, VR gear 122 and immersive content 

ingest 124.  System 700 include any consumer devices, including but not limited to: smart 

phones, tablet computers, wearable computers, vehicle computers, game consoles, surround 

systems, kiosks,    

[00199] As shown, the system 700 includes a central processing unit (CPU) 701 which 

is capable of performing various processes in accordance with a program stored in, for 

example, a read only memory (ROM) 702 or a program loaded from, for example, a storage 

unit 708 to a random access memory (RAM) 703.  In the RAM 703, the data required when the 

CPU 701 performs the various processes is also stored, as required.  The CPU 701, the ROM 
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702 and the RAM 703 are connected to one another via a bus 704.  An input/output (I/O) 

interface 705 is also connected to the bus 704.  

[00200] The following components are connected to the I/O interface 705: an input unit 

706, that may include a keyboard, a mouse, or the like; an output unit 707 that may include a 

display such as a liquid crystal display (LCD) and one or more speakers; the storage unit 708 

including a hard disk, or another suitable storage device; and a communication unit 709 

including a network interface card such as a network card (e.g., wired or wireless). 

[00201] In some implementations, the input unit 706 includes one or more microphones 

in different positions (depending on the host device) enabling capture of audio signals in 

various formats (e.g., mono, stereo, spatial, immersive, and other suitable formats).      

[00202] In some implementations, the output unit 707 include systems with various 

number of speakers.  As illustrated in FIG. 1, the output unit 707 (depending on the capabilities 

of the host device) can render audio signals in various formats (e.g., mono, stereo, immersive, 

binaural, and other suitable formats).  

[00203] The communication unit 709 is configured to communicate with other devices 

(e.g., via a network).  A drive 710 is also connected to the I/O interface 705, as required.  A 

removable medium 711, such as a magnetic disk, an optical disk, a magneto-optical disk, a 

flash drive or another suitable removable medium is mounted on the drive 710, so that a 

computer program read therefrom is installed into the storage unit 708, as required.  A person 

skilled in the art would understand that although the system 700 is described as including the 

above-described components, in real applications, it is possible to add, remove, and/or replace 

some of these components and all these modifications or alteration all fall within the scope of 

the present disclosure. 

[00204] In accordance with example embodiments of the present disclosure, the 

processes described above may be implemented as computer software programs or on a 

computer-readable storage medium.  For example, embodiments of the present disclosure 

include a computer program product including a computer program tangibly embodied on a 

machine readable medium, the computer program including program code for performing 

methods.  In such embodiments, the computer program may be downloaded and mounted from 

the network via the communication unit 709, and/or installed from the removable medium 711, 

as shown in FIG. 7. 

[00205] Generally, various example embodiments of the present disclosure may be 

implemented in hardware or special purpose circuits (e.g., control circuitry), software, logic or 

any combination thereof.  For example, the units discussed above can be executed by control 
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circuitry (e.g., a CPU in combination with other components of FIG. 7), thus, the control 

circuitry may be performing the actions described in this disclosure.  Some aspects may be 

implemented in hardware, while other aspects may be implemented in firmware or software 

which may be executed by a controller, microprocessor or other computing device (e.g., control 

circuitry).  While various aspects of the example embodiments of the present disclosure are 

illustrated and described as block diagrams, flowcharts, or using some other pictorial 

representation, it will be appreciated that the blocks, apparatus, systems, techniques or methods 

described herein may be implemented in, as non-limiting examples, hardware, software, 

firmware, special purpose circuits or logic, general purpose hardware or controller or other 

computing devices, or some combination thereof.   

[00206] Additionally, various blocks shown in the flowcharts may be viewed as method 

steps, and/or as operations that result from operation of computer program code, and/or as a 

plurality of coupled logic circuit elements constructed to carry out the associated function(s).  

For example, embodiments of the present disclosure include a computer program product 

including a computer program tangibly embodied on a machine readable medium, the computer 

program containing program codes configured to carry out the methods as described above. 

[00207] In the context of the disclosure, a machine readable medium may be any 

tangible medium that may contain, or store a program for use by or in connection with an 

instruction execution system, apparatus, or device.  The machine readable medium may be a 

machine readable signal medium or a machine readable storage medium.  A machine readable 

medium may be non-transitory and may include but not limited to an electronic, magnetic, 

optical, electromagnetic, infrared, or semiconductor system, apparatus, or device, or any 

suitable combination of the foregoing.  More specific examples of the machine readable storage 

medium would include an electrical connection having one or more wires, a portable computer 

diskette, a hard disk, a random access memory (RAM), a read-only memory (ROM), an 

erasable programmable read-only memory (EPROM or Flash memory), an optical fiber, a 

portable compact disc read-only memory (CD-ROM), an optical storage device, a magnetic 

storage device, or any suitable combination of the foregoing.   

[00208] Computer program code for carrying out methods of the present disclosure may 

be written in any combination of one or more programming languages.  These computer 

program codes may be provided to a processor of a general purpose computer, special purpose 

computer, or other programmable data processing apparatus that has control circuitry, such that 

the program codes, when executed by the processor of the computer or other programmable 

data processing apparatus, cause the functions/operations specified in the flowcharts and/or 
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block diagrams to be implemented.  The program code may execute entirely on a computer, 

partly on the computer, as a stand-alone software package, partly on the computer and partly 

on a remote computer or entirely on the remote computer or server or distributed over one or 

more remote computers and/or servers.   

[00209] While this document contains many specific implementation details, these 

should not be construed as limitations on the scope of what may be claimed, but rather as 

descriptions of features that may be specific to particular embodiments.  Certain features that 

are described in this specification in the context of separate embodiments can also be 

implemented in combination in a single embodiment.  Conversely, various features that are 

described in the context of a single embodiment can also be implemented in multiple 

embodiments separately or in any suitable sub combination.  Moreover, although features may 

be described above as acting in certain combinations and even initially claimed as such, one or 

more features from a claimed combination can, in some cases, be excised from the 

combination, and the claimed combination may be directed to a sub combination or variation 

of a sub combination.  Logic flows depicted in the figures do not require the particular order 

shown, or sequential order, to achieve desirable results.  In addition, other steps may be 

provided, or steps may be eliminated, from the described flows, and other components may be 

added to, or removed from, the described systems.  Accordingly, other implementations are 

within the scope of the following claims. 

What is claimed is: 
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CLAIMS 

 

1.  An audio signal encoding method that uses an encoding downmix strategy applied at an 

encoder that is different than a decoding re-mix or upmix strategy applied at a decoder, the 

method comprising: 

 obtaining, with at least one processor, an input audio signal, the input audio signal 

representing an input audio scene and comprising a primary input audio channel and side 

channels;  

 determining, with the at least one processor, a type of downmix coding scheme based 

on the input audio signal; 

 based on the type of downmix coding scheme: 

  computing, with the at least one processor, one or more input downmixing 

gains to be applied to the input audio signal to construct a primary downmix channel, wherein 

the input downmixing gains are determined to minimize an overall prediction error on the 

side channels; 

  determining, with the at least one processor, one or more downmix scaling 

gains to scale the primary downmix channel, wherein the downmix scaling gains are 

determined by minimizing an energy difference between a reconstructed representation of the 

input audio scene from the primary downmix channel and the input audio signal; 

  generating, with the at least one processor, prediction gains based on the input 

audio signal, the input downmixing gains and the downmix scaling gains; 

  determining, with the at least one processor, one or more residual channels 

from the side channels in the input audio signal by using the primary downmix channel and 

the prediction gains to generate side channel predictions and then subtracting the side channel 

predictions from the side channels; 

  determining, with the at least one processor, decorrelation gains based on 

energy in the residual channels; 

  encoding, with the at least one processor, the primary downmix channel, the 

zero or more residual channels and side information into a bitstream, the side information 

comprising the prediction gains and the decorrelation gains corresponding to the one or more 

residual channels; and 

  sending, with the at least one processor, the bitstream to a decoder. 
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2.  The method of claim 1, further comprising: 

 computing, with the at least one processor, an input covariance based on the input 

audio signal; and 

 determining, with the at least one processor, the overall prediction error using the 

input covariance. 

 

3.  The method of claim 2, wherein the computation of the downmix scaling gains further 

comprises: 

            determining, with the at least one processor, upmixing scaling gains as a function of 

the side information transmitted to the decoder; 

generating, with the at least one processor, the representation of the input audio scene 

from the primary downmix channel and the zero or more residual channels by applying the 

upmixing scaling gains to the primary downmix channel such that the overall energy of the 

input audio scene is preserved; 

determining, with the at least one processor, the downmix scaling gains by solving a 

closed form solution of a polynomial to preserve energy of the input audio scene, where the 

downmix scaling gains are determined when matching energy of the reconstructed input 

audio scene with the energy of the input audio scene. 

 

4. The method of claim 3, wherein the upmixing scaling gains to reconstruct the 

representation of the input audio scene from the primary downmix channel and the zero or 

more residual channels is a function of the prediction gains and the decorrelation gains 

transmitted in the side information to the decoder, such that the reconstructed representation 

of the primary input audio signals is in phase with the primary downmix channel, and the 

polynomial is a quadratic polynomial. 

 

5. The method of claim 4, wherein the upmixing scaling gains to reconstruct the 

representation of the input audio scene from the primary downmix channel is a function of 

the prediction gains and the decorrelation gains transmitted to the decoder, such that the 

downmix scaling gains obtained by solving the quadratic polynomial scale the prediction 

gains and the decorrelation gains within a specified quantization range. 

 

6. The method of claim 5, further comprising: 
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 at the encoder: 

         computing, with at least one encoder processor, a combination of the input 

downmixing gains to be applied to the input audio signal to generate the primary downmix 

channel, and the downmix scaling gains, wherein the input downmixing gains are computed 

as a function of the input covariance of the input audio signal ; 

         generating, with the at least one encoder processor, the primary downmix channel 

based on the input audio signal and the input downmixing gains; 

         generating, with the encoder processor, the prediction gains based on the input audio 

signal and input downmixing gains; 

 determining, with the at least one encoder processor, the residual channels from the 

side channels in the input audio signal by using the primary downmix channel and the 

prediction gains to generate the side channel predictions and then subtracting the side channel 

predictions from the side channels in the input audio signal; 

 determining, with the at least one encoder processor, the decorrelation gains based on 

the energy in the residual channels; 

            determining, with the at least one encoder processor, the downmix scaling gains to 

scale the primary downmix channel, the prediction gains and the decorrelation gains, such 

that the prediction gains or the decorrelation gains, or both are in the specified quantization 

range; 

            encoding, with the at least one encoder processor, the primary downmix channel, the 

zero or more residual channels and the side information including the scaled prediction gains, 

and the scaled decorrelation gains into the bitstream;  

 sending, with the at least one encoder processor, the bitstream to the decoder; 

at the decoder: 

            decoding, with at least one decoder processor, the primary downmix channel, the zero 

or more residual channels and the side information including the scaled prediction gains, and 

the scaled decorrelation gains; 

 setting, with the at least one decoder processor, the upmix scaling gains as a function 

of the scaled prediction gains and the scaled decorrelation gains; 

 generating, with the at least one decoder processor, the decorrelated signals that are 

decorrelated with respect to the primary downmix channel; and 

 applying, with the at least one decoder processor, the upmix scaling gains to the 

combination of the primary downmix channel, the zero or more residual channels and the 
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decorrelated signals to reconstruct the representation of the input audio scene, such that the 

overall energy of the input audio scene is preserved. 

 

7.  The method of claim 6, wherein the input downmixing gains to be applied to the input 

audio signal to generate the primary downmix channel are computed as a function of a 

normalized input covariance, such that a numerator of the function is a first constant 

multiplied by a covariance between the primary input audio channel and the side channels 

and a denominator of the function is a maximum of a second constant multiplied by a 

variance of the primary input audio channel and a sum of variances of the side channels of 

the input audio signal; and 

                   generating, with the at least one encoder processor, a linear polynomial by 

minimizing a prediction error for the side channel predictions and solving for the prediction 

gains. 

 

8. The method of any one of claims 6 to 7, wherein the input downmixing gains to be applied 

to the input audio signal to generate the primary downmix channel correspond to a passive 

downmix coding scheme, such that the primary downmix channel is either the same as the 

primary input audio signal or a delayed version of the primary input audio signal.  

 

9. The method of any one of claims 6 to 8, wherein the input downmixing gains to be applied 

to the input audio signal to generate the primary downmix channel are computed as a 

function of the prediction gains. 

 

10. The method of any one of claims 6 to 9, wherein computing the input downmixing gains 

to be applied to the input audio signal to generate the primary downmix channel comprises: 

 determining, with the at least one processor, a correlation between the primary audio 

signal and the side channels of the input audio signal; and 

 selecting, with the at least one processor, an input downmixing gain computation 

scheme based on the correlation. 

 

11.  The method of any one of the claims 6 to 10, wherein the computation of the input 

downmixing gains to be applied to the input audio signal to generate the primary downmix 

channel, further comprises: 

 at the encoder:  
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             determining, with the at least one encoder processor, a set of passive 

prediction gains based on a passive downmix coding scheme; 

             comparing, with the at least one encoder processor, the set of passive 

prediction gains against a first threshold value; 

              determining, with the at least one encoder processor, if the set of passive 

prediction gains are less than or equal to the first threshold value, and if so, computing the 

first set of input downmixing gains; 

  generating, with the at least one encoder processor, a first set of prediction 

gains based on the input audio signal and the input downmixing gains; 

  determining, with the at least one encoder processor, if the first set of 

prediction gains are higher than a second threshold value and if so, computing a second set of 

input downmixing gains; 

  generating, with the at least one encoder processor, a second set of prediction 

gains based on the input audio signal and the input downmixing gains; 

             determining, with the at least one encoder processor, the residual channels 

from the side channels in the input audio signal by using the primary downmix channel and 

the second set of prediction gains; 

 determining, with the at least one encoder processor, the decorrelation gains based on 

the residual channel energy that is not being transmitted to the decoder; 

            determining, with the at least one encoder processor, the downmix scaling gains to 

scale the primary downmix channel, the second set of prediction gains and the decorrelation 

gains, such that the prediction gains or the decorrelation gains or both are in the specified 

quantization range; 

            encoding, with the at least one encoder processor, the primary downmix channel, the 

zero or more residual channels and the side information including the scaled prediction gains 

and the scaled decorrelation gains into the bitstream;  

 sending, with the at least one encoder processor, the bitstream to the decoder; 

 at the decoder: 

             decoding, with the at least one decoder processor, the primary downmix 

channel, zero or more residual channels and the side information including the scaled 

prediction gains and the scaled decorrelation gains; 

  determining, with the at least one decoder processor, the upmix scaling gains 

as a function of the scaled prediction gains and the scaled decorrelation gains; 
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  generating, with the at least one decoder processor, the decorrelated signals 

that are decorrelated with respect to the primary downmix channel; and 

  applying, with the at least one decoder processor, the upmix scaling gains to 

the combination of the primary downmix channel, the zero or more residual channels and the 

decorrelated signals to reconstruct the representation of the input audio scene, such that the 

overall energy of the input audio scene is preserved. 

 

12.  The method of any one of the claims 6 to 11, wherein the input downmix gains 

correspond to a passive downmix coding scheme. 

 

13.  The method of claims 7 or 11, wherein a first set of input downmixing gains correspond 

to an active downmixing scheme wherein the first set of input downmixing gains to be 

applied to the input audio signal to generate the primary downmix channel are computed as a 

function of a normalized input covariance such that a numerator in the function is a first 

constant multiplied by a covariance of the primary input audio channel and the side channels 

and a denominator in the function is a maximum of a second constant multiplied by a 

variance of the primary input audio channel and a sum of variances of the side channels. 

 

14.  The method of claim 11, wherein the second set of input downmixing gains correspond 

to an active downmix coding scheme, wherein the primary downmix channel is obtained by 

applying the second set of input downmixing gains to the primary input audio channel and 

the side channels and then adding the channels together. 

 

15. The method of claim 11 and 14, wherein the second set of input downmixing gains are 

coefficients of a quadratic polynomial. 

 

16. The method of claim 11, wherein the threshold against which the prediction gains are 

compared is computed such that the prediction gains are in the specified quantization range. 

 

17. The method of claim 6, wherein computing the input downmixing gains to be applied to 

the input audio signal to generate the downmix channel comprises: 

computing a scaling factor to scale the primary input audio signal; 

computing a covariance of the scaled primary input audio signal; 

performing eigen analysis on the covariance of the scaled primary input audio signal; 
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choosing an eigen vector corresponding to a largest eigen value as the input 

downmixing gains such that the primary downmix channel is positively correlated 

with the primary input audio channel; and 

       computing the downmix scaling gains to scale the primary downmix channel and 

the side information such that the overall energy of the input audio scene is preserved. 

 

18. The method of claim 6, wherein computing the input downmixing gains to be applied to 

the input audio signal to generate the primary downmix channel, comprises: 

       computing a scaling factor to scale the primary input audio channel; 

        computing the input downmixing gains based on the scaled primary input audio 

channel by setting the input downmixing gains as a function of the prediction gains of 

the scaled primary input audio channel; and 

        computing the downmix scaling gains to scale the primary downmix channel and 

side information such that the overall energy of the input audio scene is preserved. 

 

19. The method of claim 17 or 18, wherein the scaling factor to scale the primary input audio 

channel is a ratio of a variance of the primary input audio channel and a square root of a sum 

of variances of the side channels.  

 

20.  The method of claim 11, wherein the computation of input downmixing gains to be 

applied to the input audio signal to generate a primary downmix channel, further comprises:

  

           determining, with the at least one encoder processor, the prediction gains based on a 

passive downmix coding scheme; 

           computing, with the at least one encoder processor, first downmix scaling gains to 

scale the primary downmix channel and side information such that the overall energy of the 

input audio scene is preserved in the reconstructed representation of the input audio scene; 

            determining, with the at least one encoder processor, if the first downmix scaling 

gains are less than or equal to a first threshold value and, as a result, computing a first set of 

input downmixing gains; 

 determining, with the at least one encoder processor, if the first downmix scaling 

gains are higher than a second threshold value and, as a result, computing a second set of 

input downmixing gains; and 
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 generating, with the at least one encoder processor, a second set of prediction gains 

based on the input audio signal and the first or second input downmixing gains; 

 determining, with the at least one encoder processor, the residual channels from the 

side channels in the input audio signal by using the primary downmix channel and the second 

set of prediction gains; 

 determining, with the at least one encoder processor, the decorrelation gains based on 

the residual channel energy that is not being transmitted to the decoder; 

            encoding, with the at least one encoder processor, the primary downmix channel, the 

zero or more residual channels and the side information including the second set of prediction 

gains and the decorrelation gains into the bitstream;  

 sending, with the at least one encoder processor, the bitstream to the decoder; 

 at the decoder: 

             decoding, with the at least one decoder processor, the primary downmix 

channel, zero or more residual channels and the side information including the second set of 

prediction gains and the decorrelation gains; 

 determining, with the at least one decoder processor, the upmix scaling gains as a 

function of the second set of prediction gains and the decorrelation gains; 

 generating, with the at least one decoder processor, the decorrelated signals that are 

decorrelated with respect to the primary downmix channel; and 

 applying, with the at least one decoder processor, the upmix scaling gains to the 

combination of the primary downmix channel, zero or more residual channels and the 

decorrelated signals to reconstruct the representation of the input audio scene, such that the 

overall energy of the input audio scene is preserved. 

 

21.  The method of claim 8 or 20, wherein the first set of input downmixing gains correspond 

to a passive downmix coding scheme. 

 

22.  The method of any one of the claims 14-16 or 20, wherein the second set of input 

downmixing gains correspond to an active downmix coding scheme, wherein the primary 

downmix channel is obtained by applying the input downmixing gains to the primary input 

audio channel and the side channels and then adding the channels together. 

 

23.  A system comprising: 

  one or more processors; and 
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  a non-transitory computer-readable medium storing instructions that, upon execution 

by the one or more processors, cause the one or more processors to perform operations 

according to any of claims 1-22. 

 

24.  A non-transitory computer-readable medium storing instructions that, upon execution by 

one or more processors, cause the one or more processors to perform operations according to 

any of claims 1-22. 

 

 

  


