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CHANGE 1
[bookmark: _Ref148603637][bookmark: _Toc152693150][bookmark: _Toc156489335][bookmark: _Toc156813991][bookmark: _Toc156936172]5.2.2.3.1	Core-coder pre-processing
5.2.2.3.1.1	Selection of internal sampling rate
[TBD]
The LP-based core-coder within the IVAS codec operates at two internal sampling rates, 12.8 kHz and 16 kHz and the the MDCT-based core-coder operates at four internal sampling rates, 12.8, 16, 25.6 and 32 kHz. 
The selection of the internal sampling rate of the LP-based core-coder is based on bitrate, the operating mode, the bandwidth and the ACELP16k binary flag, . The ACELP16k binary flag is used as an indicator that 16kHz sampling rate shall be selected for the LP-based core coder. The ACELP16k binary flag is set as follows. 
In the DFT strereo mode, the ACELP16k binary flag is set to 1 for SID and NO_DATA frames when the codec operates in the DTX mode with LP-CNG encoding (see clause 5.2.2.3.5.5) but only if the bandwidth of the input signal is WB. For all other cases within the DFT stereo mode, the ACELP16k binary flag is set to 1 when the element bitrate  is higher or equal to 24.4 kbps and to 0 when the bitrate is lower than 24.4 kbps. In the TD stereo mode the ACELP16k binary flag is set to 1 for the core-coder in the primary channel when the bitrate is higher or equal to 24.4 kbps. However, when LRTD sub-mode has been selected in the TD stereo encoder the ACELP16k binary flag is set to 1 when the bitrate is higher than 24.4 kbps and not when the bitrate is equal to 24.4 kbps. For all bitrates lower than 24.4 kbps in the TD stereo mode the ACELP16k binary flag is set to 0.
For the encoding of SCE (single-channel element) the ACELP16k binary flag is set to 1 when the element bitrate is higher than or equal to 17 kbps. For all other bitrates it is set to 0.
In case of EVS mono operation the ACELP16k binary flag is set based on the logic described in clause 5.4.4 of [3].
The internal sampling rate of the LP-based core-coder and the MDCT-based core-coder (TCX) is initially set to 16kHz when the ACELP16k binary flag is set to 1. Otherwise, the internal sampling rate is initially set to 12.8 kHz. When the IVAS codec operates in the MDCT stereo mode and the element bitrate is higher than or equal to 64 kbps TCX core-coder is selected and its internal sampling rate is set to 32kHz. Similarly, for the encoding of SCEs, TCX core-coder is selected and its internal sampling rate is set to 32kHz when the core-coder bitrate is higher than 48 kbps. The TCX core is also selected when the IVAS codec operates in the ISM mode (object-based audio) and the core-coder bitrate is higher than 40 kbps and lower than or euqal to 48 kbps. In this case, however, the internal sampling rate of the TCX core-coder is set to 25.6 kHz.
During the DTX operation, the internal sample rate of the core-coder is not allowed to change during NO_DATA frames. The internal sampling rate is also not allowed to change in SID frames following short segments of active frames.

CHANGE 2
5.2.2.3.1.2	Core-coder technology selection
5.2.2.3.1.2.1	Overview
The selection of the core-coder technology in the IVAS codec is based on the mechanism described in clause 5.1.14 in [3]. The core-coder technology is selected from the following list
-	ACELP core-coder technology
-	GSC core-coder technology
-	TCX core-coder technology
-	HQ core-coder technology
The selection of the core-coder technology follows the pre-selection mechanism, described in detail in clause 5.2.2.2.12, which is part of the front pre-processing module.
The selection of the core-coder technology is based on the pre-selected core-coder technology which is stored in the form of the S/M binary flags  and . The selection of the core-coder technology takes into account bitrate limitations, bandwidth limitations, VAD flag and other auxiliary parameters. Table 5.2‑7 shows the selection of the core-coder technology based on core-coder bitrate, bandwidth and content type.
[bookmark: _Ref156223029]Table 5.2‑7: Selection of core-coder technology based on bitrate, bandwidth and content type
	bandwidth
	content
	core-coder total bitrate [kbps]

	
	
	13.2
	16.4
	24.4
	32
	48
	>48

	WB
	speech
	ACELP
	ACELP
	ACELP
	ACELP
	ACELP
	TCX

	
	audio
	GSC/TCX
	GSC/TCX
	TCX/HQ
	TCX/HQ
	TCX/HQ
	TCX

	
	inactive
	ACELP-IGSC/TCX
	GSC ACELP-I/TCX
	GSC ACELP-I/TCX
	ACELP-I/TCX
	ACELP-I/TCX
	TCX

	SWB
	speech
	ACELP
	ACELP
	ACELP
	ACELP
	ACELP
	TCX

	
	audio
	GSC/TCX
	GSC/TCX
	TCX/HQ
	TCX/HQ
	TCX/HQ
	TCX

	
	inactive
	GSC ACELP-I/TCX
	GSC ACELP-I/TCX
	GSC ACELP-I/TCX
	ACELP-I/TCX
	ACELP-I/TCX
	TCX

	FB
	speech
	
	
	
	ACELP
	ACELP
	TCX

	
	audio
	
	
	
	TCX/HQ
	TCX/HQ
	TCX

	
	inactive
	
	
	
	ACELP-I/TCX
	ACELP-I/TCX
	TCX



Please, note that the core-coder bitrate may be different from the bitrates listed in Table 5.2-6 due to variable bitrate allocation mechanism in the ACELP/TCX coder, described in clauses 5.2.2.3.2 and 5.2.2.3.3.
As can be seen in Table 5.2‑6 the ACELP core-coder technology is selected when the content is classified as “speech” which is signalled to the selector by the S/M binary flags. The content is considered “speech” when  and . ACELP core is also selected for the encoding of SID frames and NO_DATA frames in DTX mode.  In the ISM low-rate mode (see clause 5.6.2.3.2) ACELP core is selected for the encoding of inactive frames. In this case,  is set to INACTIVE. 
For “music” content the IVAS codec selects among GSC, TCX or HQ core-coder technologies. The selection between the GSC core-coder technology and the TCX/HQ core-coder technology is based on the values of the  and  S/M binary flags. The GSC core is selected when  and . In case when  and  the IVAS codec selects either the TCX core-coder technology or the HQ core-coder technology. The selection between the TCX core-coder technology and the HQ core-coder technology is based on the output of the HQ classifier, described in detail in clause 5.2.2.3.1.2.4. 
For “inactive” content the selection of the core-coder technology is based on the coding mode classification, described in clause 5.2.2.2.10. The coding mode classification is based, among other parameters, on the SAD module, described in clause 5.2.2.2.5 and on the output of the IVAS S/M classifier, described in clause 5.2.2.2.11. For core-coder bitrates below 9 kbps and in cases where LP-CNG type has been chosen by the pre-processor (see clause 5.6 in [3]], GSC core-coder technology is selected for the encoding of inactive content. For In bitrates higher or equal to 9 kbpsall other cases TCX core-coder technology is selected.
The TCX core-coder technology is used for any content at bitrates higher than 48 kbps except of the ISM format coding where it is used for any content higher than 40 kbps. The TCX core-coder technology is also selected when the IVAS codec operates in the MDCT stereo mode. In case TCX core-coder technology has been selected by the logic described so far but the bitrate is lower than 9 kbps GSC core is used instead. In this case  is reset to 0 and  is set to AUDIO. However, if the IVAS codec operates in the ISM low-rate mode  is set to INACTIVE instead of AUDIO.
In the special case when the IVAS codec operates in LRTD stereo submode with ACELP core-coder technology running at bitrate lower than or equal to 16.4 kbps, the selection mechanism prevents the IVAS codec from switching directly into DFT stereo mode with TCX core-coder technology. This is to avoid excessive computational complexity. The IVAS codec allows for switching into DFT stereo mode but enforces ACELP core-coder technology in the first frame where the switch occurs. In the successive frames core-coder technology is selected without any restrictions using the logic described so far.
Please, note that the selected core-coder technology may be changed in some other special situations which is described in other clauses in this document.

CHANGE 3
5.2.2.3.1.2.2	TD/FD BWE technology selection
[TBD]
The ACELP core-coder in the IVAS codec uses the TD and FD bandwidth extension (BWE) technology from the EVS codec. The selection between the TD BWE and the FD BWE is described in detail in clause 5.1.14.4 of [3]. In the IVAS codec, the selection mechanism has been further modified to accomodate the variable-rate of the ACELP core-coder and the new SWB TBE modes at 1.10 kbps and 1.75 kbps, described in clause 5.2.2.3.2.7. 
The selection between the TD BWE and the FD BWE technology is based on the characteristics of the input signal, the bandwidth and the core-coder of the low-band signal. Table 5.2-7b lists the bitrates of all TD BWE and FD BWE technologies.

Table 5.2‑7b: Bitrates of TD BWE and FD BWE technologies
	bandwidth
	time-domain
	frequency-dmain

	WB
	WB TBE at 0.35 kbps
	WB BWE at 0.35 kbps

	
	WB TBE at 1.05 kbps
	

	SWB
	SWB TBE at 0.95 kbps
	

	
	SWB TBE at 1.10 kbps
	

	
	SWB TBE at 1.75 kbps
	

	
	SWB TBE at 1.6 kbps
	SWB BWE at 1.6 kbps

	
	SWB TBE at 2.8 kbps
	

	FB
	FB TBE at 1.8 kbps
	FB BWE at 1.8 kbps

	
	FB TBE at 3.0 kbps
	



For WB signals, the bandwidth extension technology is selected as follows. When the core-coder bitrate is lower than 7.15 kbps the bandwidth extension is done in frequency domain without any side information transmitted in the bitstream. This can be referred to as the WB BWE at 0 kbps. The same technology is applied also in the TD stereo mode for the encoding of the secondary channel. If the core-coder bitrate is higher than or equal to 7.15 kbps and the binary flag ACELP16k  is set to 0, the bandwidth extension technology is set based on the S/M binary flags  and . described in clause 5.2.2.2.12.6. When  and , the selected bandwidth extension technology is WB BWE at 0.35 kbps. The same WB BWE technology is selected for inactive frames, i.e. when the coder type is set to INACTIVE. For all other combinations of S/M binary flags  and , WB TBE technology is selected but only under the condition that the coder type is different than INACTIVE. The bitrate of the selected WB TBE technology is set with the following logic. In case the core-coder bitrate is lower than 9.65 kbps, WB TBE at 0.35 kbps is used. Similarly, when the IVAS codec operates in the TD stereo mode, the primary channel is encoded with WB TBE at 0.35 kbps. For all other situations, WB TBE at 1.05 kbps is used.
For SWB and FB signals, the bandwidth extension technology is selected as follows. The WB BWE technology at 0 kbps, described in the previous parapraph, may also be applied for SWB and FB signals when neither of the following three conditions is fullfilled. The first condition is fullfilled when the core-coder bitrate is higher than or equal to 7.8 kbps. The second condition is specific only to the LRTD stereo sub-mode and it is fullfilled when the core-coder bitrate is higher than or equal to 5 kbps. The third condition is specific to the TD stereo mode (both LRTD sub-mode and regular sub-mode) and it is fullfilled when the core-coder bitrate is higher than or equal to 5 kbps and the CPE bitrate is lower than 16.4 kbps. When all three conditions are fullfilled, the IVAS codec selects one of the following SWB or FB bandwidth extension technologies. Note, that the selected BWE technology is always encoded with non-zero side information that is sent to the decoder in the bitstream. 
The selection of the SWB/FB bandwidth extension technology is based on the S/M binary flags  and . described in clause 5.2.2.2.12.6 and the SWB noisy speech flag, , described in clause 5.1.13.6.9 of [3]. When  and, at the same time,  and , the selected bandwidth extension technology is the SWB BWE at 1.6 kbps. In the case of , the SWB BWE at 1.6 kbps is also selected for all INACTIVE signals. Furthermore, if the input bandwidth is FB, then FB BWE at 1.8 kbps is selected on top of SWB BWE at 1.6 kbps for the encoding of the upper band from 14 to 20 kHz. If none of the above conditions is fullfilled SWB TBE technology is selected. The bitrate of the SWB TBE technology is based on the core-coder bitrate and the state of some auxiliary parameters. The selection of the SWB TBE bitrate is set as follows. The initial bitrate of the SWB TBE is set to 1.6 kbps. The initial bitrate may be modified under some special conditions. In case of SCE encoding, when the binary flag ACELP16k  set to 1, the SWB TBE bitrate is increased to 2.8 kbps but only when the core-coder bitrate is higher than or equal to 24.4 kbps. In the LRTD stereo sub-mode, the bitrate of the SWB TBE is either decreased to 1.1 kbps when the CPE bitrate is lower than 24.4 kbps or increased to 1.75 kbps when the CPE bitrate is higher than or equal to 24.4 kbps. Finally, the SWB TBE bitrate is decreased to 0.95 kbps if the core-coder bitrate is lower than 13.2 kbps. This is the minimum SWB TBE bitrate. If the input bandwidth is FB, then the SWB TBE technology is complemented with the FB TBE technology for the encoding of the upper band from 14 kHz to 20 kHz. The bitrate of the selected FB TBE is set as follows. The initial bitrate of the FB TBE technology is set to 1.8 kbps. In case of SCE encoding, when the binary flag ACELP16k  set to 1, the FB TBE bitrate is increased to 3.0 kbps but only when the core-coder bitrate is higher than or equal to 24.4 kbps.
The IVAS codec also contains the IC-BWE technology, optimized for the encoding of the bandwidth extension of stereo signals. The IC-BWE encoder is described in detail in clause 5.3.2.2.1. The IC-BWE bitrate is set as follows. In the TD stereo mode, the IC-BWE technology is applied only in the regular submode (not LRTD submode). The IC-BWE bitrate is set either to 0.35 kbps when the binary flag ACELP16k  is equal to 1 or to 0.25 kbps when the binary flag ACELP16k  is equal to 0. In the DFT stereo mode, the IC-BWE bitrate is set either to 0.5 kbps when the binary flag ACELP16k  is equal to 1 or to 0.4 kbps when the binary flag ACELP16k  is equal to 0. The bitrate of the IC-BWE may be further increased by 0.5 kbps in case when ACELP core coder has been selected for the encoding of the lower band. However, this increase of bitrate is not applied in the LRTD sub-mode within the TD stereo mode.


CHANGE 4

5.3.2.4.4.5 	Refined ITD control mechanism 
The ITD is critical to keep the stereo image stable. Sometimes ITD values calculated by the frequency domain correlation are not continuous. A difference parameter is used to represent a difference between the ITD of the current frame  and the ITD of the previous frame . ITD is determined based on the difference parameter and a characteristic parameter of the current frame. The characteristic parameter is calculated as follows.
Divide a low frequency part of the left-channel frequency-domain signal of the current frame into M sub-bands, where each sub-band includes N frequency domain amplitude values. Calculate a correlation parameter of the current frame and a previous frame according to

, where represents a  frequency domain amplitude value of an  sub-band in the low frequency part of the left-channel frequency-domain signal of the current frame,  represents a  frequency domain amplitude value of an  sub-band in a low frequency part of a left-channel frequency-domain signal of the previous frame, and  represents a normalized cross-correlation value corresponding to an  sub-band in the M sub-bands.
Calculate a peak-to-average ratio of each sub-band of the current frame .
If the ITD value of the current frame and an ITD value of the previous frame meet at least of one of the preset conditions, determine whether to reuse the ITD value of the previous frame for the current frame. The preset conditions set to
· condition_1: the absolute ITD value of the previous frame is greater than the absolute ITD value of the current frame, 
condition_1 = || > 0.2 * ||
· condition_2: the average value of the normalized cross-correlation values of the sub-bands is greater than 0.85, 
condition_2 = avrg() > 0.85
· condition_3: the average value of the normalized cross-correlation values of the sub-bands is greater than 0.7, and a normalized cross-correlation value of a sub-band is greater than 0.9,
condition_3 = avrg() > 0.7 and ( > 0.9 or  > 0.9 or  > 0.9)
· condition_4: the average value of the peak-to-average ratios of the sub-bands is greater than 0.6,
condition_4 = avrg() > 0.6
· condition_5: the ITD value of the previous frame is not equal to 0, 
condition_5 = ≠ 0
· condition_6_a: a product of the ITD value of the previous frame and the ITD value of the current frame is negative, 
condition_6_a = itd * prev_itd < 0  
· condition_6_b: a product of the ITD value of the previous frame and the ITD value of the current frame is 0,
condition_6_b = itd * prev_itd = 0 
· condition_6_c: an absolute value of a difference between the ITD value of the previous frame and the ITD value of the current frame is greater than half of a target value, where the target value is an ITD value whose absolute value is larger in the ITD value of the previous frame and the ITD value of the current frame,


The ITD fine control result  sets to

where 
, condition_1234 = condition_1 and (condition_2 or condition_3 or condition_4)
when the signal-to-noise ratio meets the signal-to-noise ratio condition, stopping reusing the ITD value of the previous frame as the ITD value of the current frame. The signal-to-noise ratio condition is set as the SNR value is less than 0.006 or the SNR value is greater than 2 000 000.
In addition, the ITD of the current frame could reuse the ITD of the previous frame ITD(m-1) based on the hangover counter. The hangover counter is the quantity of target frames that are allowed to appear consecutively. A characteristic information which is described by the signal-to-noise ratio and the peak feature of cross correlation coefficients of the stereo signal is used to control the hangover counter. When the signal-to-noise ratio and the peak feature of the cross-correlation coefficients meet at least one of preset conditions, the hangover counter will be reduced by adjusting at least one of a target frame count and a threshold of the target frame count.


CHANGE 5

5.3.2.4.12		Residual coding
5.3.2.4.12.1		Overview
[TBD]
5.3.2.4.12.2	Adaptive residual signal encoding parameter
In DFT stereo coding, an adaptive residual signal encoding parameter is used to determine whether to encode the residual signals of the M sub-bands in the current frame. The residual signal encoding parameter is calculated based on downmixed signal energy and residual signal energy of each of M sub-bands in the current frame, wherein spectral coefficients of the current frame are divided to obtain N sub-bands, the M sub-bands are at least some of the N sub-bands, N is a positive integer greater than 1, M ≤ N, and M is a positive integer. The residual signal encoding parameter of the current frame is determined based on the dmx_res_all, frame_nrg_ratio and res_dmx_ratio_lt. The residual signal encoding parameter  is calculated according to

when res_cod_mode_flag is equal to 1 means encode the residual signals, otherwise do not encode the residual signals. The res_dmx_ratio is a parameter described relationship between the downmixed signal energy and the residual signal energy of each of the M sub-bands. The res_dmx_ratio_lt is a parameter described a long-term smoothing parameter of the previous frame of the current frame. The long-term smoothing parameter res_dmx_ratio_lt is calculated according to
	  
wherein res_dmx_ratio_lt_prev represents the long-term smoothing parameter of the previous frame of the current frame, wherein

The res_dmx_ratio is calculated according to
res_dmx_ratio[b] = res_cod_NRG_S[b]/(res_cod_NRG_S[b] + (1 – g(b))∙(1 – g(b)) res_cod_NRG_M[b] + 1)
wherein res_dmx_ratio[b] represents the energy parameter of the sub-band whose sub-band index number is b, b is greater than or equal to 0 and is less than or equal to a preset maximum sub-band index number, res_cod_NRG_S[b] represents residual signal energy of the sub-band whose sub-band index number is b, res_cod_NRG_M[b] represents downmixed signal energy of the sub-band whose sub-band index number is b, and g(b) represents a function of a side gain side_gain[b] of the sub-band whose sub-band index number is b. The frame_nrg_ratio is a parameter described relationship between a sum of residual signal energy and downmixed signal energy of the M sub-bands, and a sum of residual signal energy and downmixed signal energy of M sub-bands in a frequency-domain signal of a previous frame of the current frame.

CHANGE 6

[bookmark: _Toc157154120][bookmark: _Toc157681527]7.4.7.3.6	Conversion from Time domain to SH CLDFB domain for parametric binauralizer
7.4.7.3.6.1	Overview
The conversion of the time domain head-related impulse response HRIR and BRIR data to CLDFB-domain spherical harmonic binaural rendering matrices is described here. The data is assumed to be at 48 kHz sampling rate.
7.4.7.3.6.2	HRIR conversion
The HRIR database consists of time domain binaural responses corresponding to a multitude of directions in anechoic conditions. The responses are assumed to be time-aligned. If not, time-alignment can be achieved by measuring the average group delay of each response pair, and temporally aligning all HRIR pairs in the dataset so that they have the same average group delay.
As the first step, a common group delay in samples is formulated as a median group delay value in samples over all directions and both left and right response channels, and this value is rounded to the nearest integer value.
Next, a reference impulse is generated that is zeros otherwise, but one at the sample corresponding to the common group delay.
The reference impulse and the HRIRs are then converted to a time-frequency representation using the CLDFB. Prior to this conversion, the responses are zero-padded at the end so that all time domain data is represented at the converted CLDFB domain responses.
Let us denote the CLDFB domain responses as  where  is the bin index,  is the temporal slot index,  is the channel index, and  is the source direction index in the HRIR database.  is the reference impulse CLDFB domain response. Non-equalized HRTFs  for each direction is formulated by 


where  is the imaginary value.
Then, diffuse field equalization is performed by first determining a spatially even set of 240 directions in 3D, and then selecting for each of these directions the closest data point at the HRIR dataset. The indices of these data points are , and the total number of these indices is denoted . A single data point of the HRIR set can be represented multiple times in the set  .
The HRTF set is then equalized by 



where  is the median of , and finally,

The HRTFs are then transformed to the spherical harmonic representation. Let us denote matrix  as a matrix of size  containing at its columns the third order spherical harmonic encoding gains for each of the  source directions. Let us denote matrix  as a  matrix having the HRTF gains  as its elements, where index  populates the first axis and  the second axis. For bins  where the bin center frequency exceeds 2kHz, then the elements of  are . 
The spherical harmonic domain rendering matrix for bin is then 

where  is the pseudoinverse of . These matrices can then be used in determining HRTFs as described in clause 7.2.2.3.6 where  is used as .
7.4.7.3.6.3	BRIR conversion
Typical HRTF datasets are obtained in a high number of spatial positions. For example, by use of simulations or moving loudspeakers arcs at the anechoic chamber, one can obtain up to hundreds or thousands of measurement positions, resulting in a high spatial precision.
On the contrary, typical BRIR datasets are obtained in listening rooms with lesser number of loudspeakers. Typical surround loudspeaker arrangements have in the range of 6-12 loudspeakers, whereas some listening rooms are equipped with extensive arrangements over 20 loudspeakers.
However, even the setups with 20 to 30 loudspeakers are not close to the spatial fidelity of the typical HRTF sets. Therefore, the parametric renderer selects a hybrid approach: The directional sound is rendered with HRTF-based data, but the rendering is modified so that it attains characteristics of the given BRIR dataset. The spatial rendering in such a scheme is described in clause 7.2.2.3. Here, it is described how these relevant characteristics are estimated from a given BRIR dataset.
First, from the given BRIR set, five responses are selected, which are the responses closest to reference positions 30, 0, -30, 110, -110 at the horizontal plane. Other BRIR responses are discarded. Then, the BRIR set is high-pass filtered with a 5th order Butterworth high-pass filter with the cut-off frequency at 80 Hz. 
Next, the maximum energy sample indices of the BRIRs are formulated. The energy response of each of the five BRIR pairs  is formulated as a  where  is the BRIR of index ,  is the sample index, and  is the left or right ear channel index. 
A 120-sample length lowpass filter window is determined by

Then,  is convolved with  to find temporally smoothed energies, and the maximum energy position of the BRIR response is determined based on the maximum energy of the temporally smoothed response, for each  independently. 
Then, each of the BRIR responses are independently truncated from the beginning so that the maximum energy position corresponds to the 61st sample of the truncated response. This procedure aligns the obtained BRIR responses so that the direct sound portion is aligned to a first frame ranging from sample indices 1 to 120.
Next, the BRIR set is transformed to a time-frequency representation via STFT, using 120-sample length FFT operation, 60-sample length hop size and a complex 120-length window that is defined by

In the above STFT procedure, no zero-padding is applied at the beginning. In other words, the first frame temporal indices range from 1 to 120. Only the first 60 bins of the STFT operation are preserved. These bins have the same centre frequencies as the CLDFB frequency domain data, and the same temporal resolution.
The energies of the STFT operation results are formulated by 

where  is the STFT domain (as described in the foregoing) BRIR where  is the bin index and  is the temporal index. The energy data is also converted to decibels by

The BRIR analysis is performed based on this energy data for each frequency bin  independently. First, for each bin , the start index of the late reverberation  is determined as the one that has the maximum energy  at range . 
Next, a line is fitted in the least squares sense to all sequences of  that have the starting point  and ending point . The value  is tested for each  so that   , up until  is the temporal length of . 
Then the best line  is selected. First, an estimation error value is defined by

Then,  is selected as that  which has the largest  that satisfies the condition , where  is the minimum of  over all . The purpose of this procedure is to find the longest sequence that does not contain the noise floor.
The selected values are then collected by . These values are then median-filtered by a 5-length median filter, truncated at the edges (e.g., 2nd bin has median filter from 1st bin to 4th bin), resulting in .
Then, the reverberation time , for each bin  is determined based on fitting a linear line to  for indices , and the  is the time when that line reduces by 60 dB. 
For highest bins the  estimates may be noisy. Therefore, a linear fit is performed for  in range  , resulting in . Then the  values for  are modified so that the resulting  estimates linearly interpolate from  to  at range  and then after it remain at  The result is the estimated set of reverberation times.
Then, early and late part energies are formulated by


Then, the reference HRTF energies are formulated from HRTFs as determined in clause 7.4.7.3.6.2, which are stored in spherical harmonic representation, denoted . From the spherical harmonic representation HRTF pairs are determined by  where  are the spherical harmonic encoding gains for the five direction  (i.e., 30, 0, -30, 110, -110). Energy  is the mean energy of these five HRTF pairs, i.e.

These reference HRTF pairs are further modified by  where  is the median of  over all .
Then, early part energy correction gains are formulated by

An exception is for  where

which adds 1 decibel to compensate for the effect of the applied high-pass filter.
[TBD]

END OF CHANGES


