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1)
Subclause G.1.3.4

Sentences in the second and third paragraphs should be deleted as follows:

G.1.3.4
Division

Division is not used nearly as frequently as addition or multiplication. The only divisions used are scalar floating point divisions. The numerator and denominator are represented in normalized format, as is the quotient. The quotient's NLS is calculated by subtracting the NLS of the denominator from that of the numerator and adding 14. To explain this 14, consider the case where the numerator was slightly larger than the denominator and both had NLS equal 0. The quotient would have NLS equal 14 in this case and would be properly normalized. If the numerator's mantissa is less than the denominator's, then the numerator should be left shifted by 1 bit and its NLS increased by 1 in order to compute the NLS of the quotient. This guarantees that the mantissa of the quotient will be in normalized format.

'The mantissa of the result must have full 16-bit precision including rounding of the 17-bit result. Pseudo-code for such a division is given below.


2)
Subclause G.2.1

a)
Change the last sentence of the second paragraph as follows:

G.2.1
Changes in the backward vector gain adapter (block 20)

NOTE – This subclause refers to 3.8/G.728. Readers should familiarize themselves with 3.8/G.728 before attempting to understand this subclause. The changes outlined in this subclause pertain to the once-per-vector computations for the backward vector gain adpater. Wherever possible, the same notation used in Recommendation G.728 has been used here.

In this subclause we briefly describe the once-per-vector backward vector gain adapter operations in Recommen​dation G.728 as implemented in floating point. We then describe a mathematically equivalent method which can be more easily and accurately implemented on fixed point processors. Tables for values required by this alternate method are given in G.5.

b)
For consistency, all figure names should be followed by "/G.728" as follows:
2)
10 log10 P[yj], the dB value of the power of the best shape codevector selected from the shape codebook. (In a sense, this is like a conventional predictive coder for the gain, but operated in the logarithmic domain.)

Figure G.1/G.728 shows the block schematic of this mathematically equivalent method. Since there are only 4 possible |gi| and 128 possible P[yj] values, we can precompute their dB values and store them in two log-gain tables (blocks 93 and 94 in Figure G.1/G.728).

The delay units 91 and 92 make available the best gain and shape codebook indices chosen in the excitation codebook search of the previous vector. These two indices are used to look up the values of 20 log10 |gi| and 10 log10 P[yj] from the log-gain tables in blocks 93 and 94. The 1-sample delay unit 95 holds the previous predicted (and possibly range limited) log-gain 
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 (n – 1). The adder 96 adds the outputs of blocks 93, 94, and 95 to produce an unclipped 
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 (n – 1) according to equation (G‑14). Then, the limiter 97 enforces the inequality in equation (G-9) by clipping the output of the adder 96 at –32 dB if it is less than –32 dB.

The ouput of the limiter 97 is mathematically equivalent to the output of the adder 42 in Figure 6/G.728. Therefore, blocks 43 through 46 in Figure G.1/G.728 are identical to their counterparts in Figure 6/G.728. The operation of the log-gain limiter 98 is similar to the limiter 47 in Figure 6/G.728, except that the allowed range has been shifted down by 32 dB. The adder 99 adds the log-gain offset value of 32 dB, stored in block 41, to the output of the log-gain limiter 98. The resulting log-gain value is then converted to the linear domain by the inverse logarithm calculator 48, which is identical to its counterparts in Figure 6/G.728. This completes the descriptions of the mathematically equivalent method for fixed point implementation.

The equivalent method shown in Figure G.1/G.728 has two important advantages over the original method in Figure 6/G.728.

a)  It eliminates the need to calculate the logarithm function (block 40 in Figure 6/G.728). In DSP implemen​tations, the logarithm function is usually calculated using a power series expansion and typically takes a large number of instruction cycles to calculate. Thus, replacing the logarithm calculation by a table look-up could mean a considerable saving in DSP cycles. Also, the table entries can be pre-computed to the maximum desired.

b)
It is likely to give more accurate numerical results than the original method when a fixed point processor is used. Due to backward adaptation, there is a feedback loop in the gain adaptation process. In Figure 6/G.728, this feedback loop is very long. It goes from the inverse logarithm calculator 48 to the gain scaling unit 21 (in Figure 2/G.728), and then back to blocks 67, 39, 40 and 42 through 48. The more computations done in this loop, the more likely that numerical errors due to finite precision may accumulate in the feedback loop. This is especially true if the fixed point processor does not always achieve the maximum possible accuracy for the logarithm function. In contrast, the feedback loop in Figure G.1/G.728 is as tight as it can be. Note that the gain scaling unit, the energy and power calculation for e(n), the logarithm calculator, and even the adder for restoring the log-gain offset are now all out of the feedback loop. Except for blocks 43 through 46 that are common in both methods, the feedback loop only involves two limiters and two additions, which can be implemented with very high precision by fixed point processors.

c)
"P" should be added at the first column of the second raw and "AA0" should be added at the footnote of the table for variables of Block 50:

The following table lists all variables in the above pseudo-code with their representation format for easy reference.

	Variable
	Format
	Size
	Temp/perm
	Old/new

	AA0, AA1, AA2, P
	DP-integer
	1
	temp
	new

	ALPHATMP
	SFL
	1
	temp
	old

	ATMP
	Q13/Q14/Q15
	51
	perm
	old

	IB
	Integer
	1
	temp
	old

	ILLCOND
	Logical
	1
	perm
	new

	ILLCONDP
	logical
	1
	perm
	new

	IP
	integer
	1
	temp
	old

	LP
	integer
	1
	temp
	new

	MH
	integer
	1
	temp
	old

	MINC
	integer
	1
	temp
	old

	NLSATMP
	integer
	1
	temp
	new

	NRS
	integer
	1
	temp
	new

	NUM
	integer
	1
	temp
	new

	RC
	Q15
	1
	temp
	new

	RC1
	Q15
	1
	temp
	new

	RTMP
	Q15
	51
	perm
	old

	SIGN
	integer
	1
	temp
	new

	SFL



16-bit scalar floating point

DP-integer

32-bit register such as accumulator or product registers (AA0, AA1, AA2 & P)

Integer


16-bit integer

Q13/Q14/Q15
16-bit integer with one of these representations


3)
Subclause G.3.2

An equation of the pseudo-code should be corrected as follows:

L = 6 – K
J = LPC
AA0 = 0
For LL = 1, ..., L, do the next 3 lines

AA0 = AA0 – STATELPC(J) * A(J + 1)
|  Multiply – add

STATELPC(J) = STATELPC(J – 1)

|  Memory shift

J = J – 1
NLS = NLSSTATE(I) – NLSSTATE(11)
AA1 = AA0 >> NLS
For I = 2, ..., 10, do the next 8 lines

AA0 = 0

For
LL = 1, 2, ..., IDIM, do the next 3 lines


AA0 = AA0 – STATELPC(J) * A(J + 1)


STATELPC(J) = STATELPC(J – 1)
| STATELPC(0) = garbage if J = 1;



it is OK


J = J – 1

NLS = NLSSTATE(I) – NLSSTATE(11)

AA0 = AA0 >> NLS



|  Shift to align

AA1 = AA1 + AA0
If K = 1, go to SHIFT2
L = K – 1
AA0 = 0
For LL = 1, 2, ..., L, do the next 3 lines

AA0 = AA0 – STATELPC(J) * A(J + 1)

4)
Subclause G.3.12

a)
An unused argument "N3" of FINDNLS should be removed as follows:

G.3.12
Block 36 – Pseudo-code for hybrid windowing module

In this subclause both the floating point and fixed point pseudo-code for block 36 are given. First, the floating point pseudo-code is presented.

For N = 1, 2, ..., N2, do the next line






SBW(N) = SBW(N + NFRSZ)
| Shift the old signal buffer
For N = 1, 2, ..., NFRSZ, do the next line






SBW(N2 + N) = STMP(N)
| SBW(N3) is the newest sample










| All SBW are Q2 and represented










| in 15 bits precision


Call FINDNLS(SBW, N3, 14, NLS)

| Find the amount of left shifts










| needed in the next loop to get










| 2 bits of headroom. We do not










| really need to do the scaling










| We just use NLS

b)
In the table for variables, the size of "R" should be "11" instead of "1".

	Variable
	Format
	Size
	Temp/perm
	Old/new

	NLS
	integer
	1
	temp
	new

	NLSREXPW
	integer
	1
	perm
	new

	NLSTMP
	integer
	1
	temp
	new

	REXPW
	BFL
	11
	perm
	old

	R
	BFL
	11
	perm
	old

	SBW
	Q2
	60
	perm
	old

	STMP
	Q2
	20
	perm
	old

	WS
	BFL
	60
	temp
	old

	BFL


Block floating point

Integer

16-bit integer


5)
Subclause G.3.14

An unused argument "N3" of FINDNLS should be removed as follows:

G.3.14
Block 43 – Hybrid windowing module

In this subclause both the floating point and fixed point pseudo-code for block 43 are given. First, the floating point pseudo-code is presented.

For N = 1, 2, ..., N2, do the next line



SBLG(N) = SBLG(N + NUPDATE)
| Shift the old signal buffer
For N = 1, 2, ..., NUPDATE, do the next line



SBLG(N2 + N) = GTMP(N)

| SBLG(N3) is the newest sample










| All SBLG are Q9 and represented










| in 16-bits precision
Call FINDNLS(SBLG, N3, 14, NLS)

| Find the amount of left shifts
NLSTMP = NLS – 1





| needed in the next loop for 2 bits










| of headroom later

6)
Subclause G.3.1.7

In a comment line, "NLSWS" should be changed to "NLSTMP":

G.3.17
Block 49 – Hybrid window module for synthesis filter

For
N = 1, 2, ..., N2, do the next line

SB(N) = SB(N + NFRSZ)
|  Shift old part of buffer SB
For
N = 1, 2, ..., N6, do the next line

NLSSB(N) = NLSSB(N + N5)
|  Shift old NLSSB
For
N = 1, 2, ..., NFRSZ, do the next line

SB(N2 + N) = STTMP(N)
|  Shift in new part of SB
For
N = 1, 2, ..., N5, do the next line

NLSSB(N6 + N) = NLSSTTMP(N)
|  Shift in new NLSSB






|  Now find the minimum NLSSB,






|  this determines NLSTMP
NLSTMP  Min{NLSSB(1), NLSSB(2), ..., NLSSB(N4)}

7)
Subclause G.3.18

The negative sign "(" should be added as follows:

G.3.18
HWMCORE – Core of hybrid window module


For I = 1, 2, ..., LPO, do the next 11 lines



AA0 = 0





|  Compute recursive part 













   of RREC(I ( 1)



For N = LPO + 1, ..., N1, do the next 2 lines





P = WS(N) * WS(N – I)





AA0 = AA0 ( P



AA0 = AA0 >> 1



AA1 = RREC(I + 1) << NLSATT


|  Scale RREC by 3/4 or 1/2



AA1 = -AA1 + (RREC(I + 1) << 16)

|  



AA1 = AA1 >> IR



AA0 = AA0 + AA1



AA0 = AA0 << NLSRE



RREC(I + 1) = RND(AA0)



|  Upper 16 bits of AA0 saved

Go to FIN_RECUR

8)
Subclause G.3.20

The variable  "AA0" should be changed to "AA1" as follows:

G.3.20
Blocks 71 and 72 – Long-term and short-term postfilters

Blocks 71 and 72 are combined in order to preserve the precision of the intermediate variable TEMP which was passed between them in the floating point pseudo-code. The floating point pseudo-code for both of these blocks is given first.












|  Now perform IIR part of filter

For J = 10, 9, ..., 3, 2, do the next 2 lines


AA1 = AA1 – STPFIIR(J) * AP(J + 1)
|  AP is Q14, STPFIIR(J) is Q2


STPFIIR(J) = STPFIIR(J – 1)

AA1 = AA1 – STPFIIR(1) * AP(2)



AA0 = AA1 >> 14











|  Now check for saturation

If AA0 > 32767, set AA0 = 32767

If AA0 < –32768, set AA0 = –32768

STPFIIR(1) = AA0











|  Now do spectral compensation











|  tilt filter

9)
Subclause G.4

For consistency, all table names should be followed by "/G.728" as follows:

G.4
LD-CELP internal variable representations

In this subclause updated versions of Tables 1/G.728 and 2/G.728 are presented. Table G.1/G.728 is a shortened version of Table 1/G.728. It lists only constants which are not inherently integers and are not given elsewhere in the Recommen​dation. The Equivalent Symbol and Initial Value entries in Table 1/G.728 have been deleted in order to leave space for the Fixed Point Format and representation required for each variable. Table G.2/G.728 is the integer version of Table 2/G.728. The same column has also been deleted from Table 2/G.728 in order to present the fixed point format. Several new variables are listed which relate only to the fixed point specification.
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