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1 INTRODUCTION

This document contains the description of the BV16 speech codec'. BV16 compresses 8 kHz
sampled narrowband speech to a bit rate of 16 kb/s by employing a speech coding algorithm called
Two-Stage Noise Feedback Coding (TSNFC), developed by Broadcom.

The rest of this document is organized as follows. Section 2 gives a high-level overview of the
TSNFC algorithm. Sections 3 and 4 give detailed description of the BV16 encoder and decoder,
respectively. The BV16 codec specification given in Sections 3 and 4 contain sufficient details to
allow those skilled in the art to implement bit-stream compatible and functionally equivalent
BV16 encoders and decoders.

2 OVERVIEW OF THE BV16 SPEECH CODEC

In this section, the general principles of Two-Stage Noise Feedback Coding (TSNFC) are first
introduced. Next, an overview of the BV16 algorithm is given.

2.1 Brief Introduction of Two-Stage Noise Feedback Coding (TSNFC)

In conventional Noise Feedback Coding (NFC), the encoder modifies a prediction residual signal
by adding a noise feedback signal to it. A scalar quantizer quantizes this modified prediction
residual signal. The difference between the quantizer input and output, or the quantization error
signal, is passed through a noise feedback filter. The output signal of this filter is the noise
feedback signal added to the prediction residual. The noise feedback filter is used to control the
spectrum of the coding noise in order to minimize the perceived coding noise. This is achieved by
exploiting the masking properties of the human auditory system.

Conventional NFC codecs typically use only a short-term noise feedback filter to shape the
spectral envelope of the coding noise, and a scalar quantizer is used universally. In contrast,
Broadcom’s Two-Stage Noise Feedback Coding (TSNFC) system uses a codec structure
employing two stages of noise feedback coding in a nested loop: the first NFC stage performs
short-term prediction and short-term noise spectral shaping (spectral envelope shaping), and the
second nested NFC stage performs long-term prediction and long-term noise spectral shaping
(harmonic shaping). Such a nested two-stage NFC structure is shown in Figure 1 below.

! The “BV 16 speech codec” specification is based on Broadcom Corporation’s BroadVoice®16 speech codec. Implementation of
this standard may require a license of Broadcom patents; information regarding these patents, and a declaration of licensing intent,
may be found at the SCTE web site.
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Figure 1 Basic codec structure of Two-Stage Noise Feedback Coding (TSNFC)

In Figure 1 above, the outer layer (including the two short-term predictors and the short-term noise
feedback filter) follows the structure of the conventional NFC codec. The TSNFC structure in
Figure 1 is obtained by replacing the simple scalar quantizer in the conventional (single-stage)
NFC structure by a “predictive quantizer” that employs long-term prediction and long-term noise
spectral shaping. This “predictive quantizer” is represented by the inner feedback loop in Figure 1,
including the long-term predictor and long-term noise feedback filter. This inner feedback loop
uses an alternative but equivalent conventional NFC structure, where N,(z) represents the filter

whose frequency response is the desired noise shape for long-term noise spectral shaping. In the
outer layer, the short-term noise feedback filter F,(z) is usually chosen as a bandwidth-expanded
version of the short-term predictor P.(z). The choice of different NFC structures in the outer and

inner layers is based on complexity consideration. By combining two stages of NFC in a nested
loop, the TSNFC in Figure 1 can reap the benefits of both short-term and long-term prediction and
also achieve short-term and long-term noise spectral shaping at the same time.

It is natural and straightforward to use a scalar quantizer in Figure 1. However, to achieve better
coding efficiency, a vector quantizer is used in BV16. In the Vector Quantization (VQ) codebook
search, the u(n) vector cannot be generated before the VQ codebook search starts. Due to the

feedback structure in Figure 1, the elements of u(n) from the second element on will depend on

the vector-quantized version of earlier elements. Therefore, the VQ codebook search is performed
by trying out each of the candidate codevectors in the VQ codebook (i.e. fixing a candidate ug(n)

vector first), calculating the corresponding u(n) vector and the corresponding VQ error
qg(n) =u(n)—uqg(n). The VQ codevector that minimizes the energy of ¢(n) within the current

vector time span is chosen as the winning codevector, and the corresponding codebook index
becomes part of the encoder output bit stream for the current speech frame.
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The TSNFC decoder structure is simply a quantizer decoder followed by the two feedback filter
structures involving the long-term predictor and the short-term predictor, respectively, shown on
the right half of Figure 1. Thus, the TSNFC decoder is similar to the decoders of other predictive
coding techniques such as Adaptive Predictive Coding (APC), Multi-Pulse Linear Predictive
Coding (MPLPC), and Code-Excited Linear Prediction (CELP).

If the alternative NFC structure in the inner feedback loop of Figure 1 is also used in the outer
feedback loop, an alternative TSNFC codec structure is obtained, as shown in Figure 2 below.
Here N (z) represents a short-term filter whose frequency response is the desired noise shape for
short-term noise spectral shaping. The codec structure in Figure 2 is mathematically equivalent to
the structure in Figure 1, but it allows direct specification of the short-term noise spectral shape as
defined by N (z). This can be an advantage in some applications.

o Output
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+@ +f+> Quantizer o(+) {(+) .
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| _ q(n) short-term
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filter
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+ Q - p
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e N (2)-1 J

short-term
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Figure 2 An alternative codec structure of Two-Stage Noise Feedback Coding (TSNFC)

2.2 Overview of the BV16 Codec

The BV16 codec is a purely forward-adaptive TSNFC codec. It operates at an input sampling rate
of 8 kHz and an encoding bit rate of 16 kb/s, or 2 bits per sample. BV16 uses a frame size of 5
ms, or 40 samples. There is no look ahead. Therefore, the total algorithmic buffering delay is just
the frame size itself, or 5 ms. The main design goal of BV 16 is to make the coding delay and the
codec complexity as low as possible, while providing toll speech quality exceeding or equivalent
to that of G.728 and G.729E.
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The block diagram of the BV16 encoder is shown in Figure 3. It is based on the alternative
TSNFC codec structure shown in Figure 2. The BV16 decoder block diagram is shown in Figure

4,
LSPI
210 220
C c , 295
Short-term Long-term | pp) .
predictive predictive Bit Output bit stream R
analysis & analysis & | PPTI multiplexer "
quantization quantization —
T Gl Cl
s(n) ]
pp, ppt
Input 203 255 2T L L
signal | High-pass V() u(n) Prediction
— W s +) residual

pre-filter +

« tox quantizer 240
Short-
4+,® —— term
/265 predictor
/270 Long-term a(n)

Itnf(n) noise .
feedback

filter r260
ppv(n) Long-
term e
predictor
290
+ - -
o )

» + )e

r250
rszti?(n) Short-term gs(n)
C+ «———— noise feedback

. filter

Figure 3 Block diagram of the BV16 encoder

Due to the small frame size, the parameters of the short-term predictor (also called the “LPC
predictor”) and the long-term predictor (also called the “pitch predictor”) are both transmitted and
updated once a frame. The gain of the excitation signal is transmitted once every frame. The
excitation VQ uses a vector dimension of 4 samples. Hence, there are 10 excitation vectors in a
frame.

The BV16 encoder first passes the input signal through a fixed pole-zero high-pass pre-filter to
remove possible DC bias or low frequency rumble. The resulting signal is then used to derive the
LPC predictor coefficients.

To keep the complexity low, BV16 uses a relatively low LPC predictor order of 8, and the LPC
analysis window is 20 ms (160 samples) long. The LPC analysis window is asymmetric, with the
peak of the window located at the center of the current frame, and the end of the window
coinciding with the last sample of the current frame. Autocorrelation LPC analysis based on
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Levinson-Durbin recursion is used to derive the coefficients of the 8"-order LPC predictor. The
derived LPC predictor coefficients are converted to Line-Spectrum Pair (LSP) parameters, which
are then quantized by an inter-frame predictive coding scheme.

The inter-frame prediction of LSP parameters uses an 8" order moving-average (MA) predictor.
The MA predictor coefficients are fixed. The time span that this MA predictor covers is 8 X 5 ms
= 40 ms. The inter-frame LSP prediction residual is quantized by a two-stage vector quantizer.
The first stage employs an 8-dimensional vector quantizer with a 7-bit codebook. The second stage
uses an 8-dimensional sign-shape VQ with 1 bit for sign and 6 bits for shape.

For long-term prediction, a three-tap pitch predictor with an integer pitch period is used. To keep
the complexity low, the pitch period and the pitch taps are both determined in an open-loop
fashion.

The three pitch predictor taps are jointly quantized using a 5-bit vector quantizer. The distortion
measure used in the codebook search is the energy of the open-loop pitch prediction residual. The
32 codevectors in the pitch tap codebook have been “stabilized” to make sure that they will not
give rise to an unstable pitch synthesis filter.

The excitation gain is also determined in an open-loop fashion to keep the complexity low. The
average power of the open-loop pitch prediction residual within the current frame is calculated and
converted to the logarithmic domain. The resulting log-gain is then quantized using inter-
subframe MA predictive coding. The MA predictor order for the log-gain is 8, corresponding to a
time span of 8 x 5 = 40 ms. Again, the log-gain MA predictor coefficients are fixed. The log-gain
prediction residual is quantized by a 4-bit scalar quantizer.

The 4-dimensional excitation VQ codebook has a simple sign-shape structure, with 1 bit for sign,
and 4 bits for shape. In other words, only 16 four-dimensional codevectors are stored, but the
mirror image of each codevector with respect to the origin is also a codevector.

In the BV16 decoder, the decoded excitation vectors are scaled by the excitation gain. The scaled
excitation signal passes through a long-term synthesis filter and a short-term synthesis filter.
Figure 4 shows the block diagram of the BV16 decoder.
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Figure 4 Block diagram of the BV16 decoder

Table 1 shows the bit allocation of BV16 in each 5 ms frame. The LSP parameters are encoded
into 14 bits per frame, including 7 bits for the first-stage VQ, and 1 + 6 = 7 bits for the second-
stage sign-shape VQ. The pitch period and pitch predictor taps are encoded into 7 and 5 bits,
respectively. The excitation gain in each frame is encoded into 4 bits. The 10 excitation vectors
are each encoded with 1 bit for sign and 4 bits for shape, resulting in 50 bits per frame for
excitation VQ. Including the other 30 bits of side information, the grand total is 80 bits per 40-
sample frame, which is 2 bits/sample, or 16 kb/s.

Table 1 Bit allocation of the BV16 codec

Parameter Bits per frame (40 samples)
LSP 7+7=14

Pitch Period 7
3 Pitch Predictor Taps 5
Excitation Gain 4

10 Excitation Vectors (1+4)x10=50
Total 80
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3 DETAILED DESCRIPTION OF THE BV16 ENCODER

In this section, detailed description of each functional block of the BV16 encoder in Figure 3 is
given. When necessary, certain functional blocks will be expanded into more detailed block
diagrams. The description given in this section will be in sufficient detail to allow those skilled in
the art to implement a mathematically equivalent BV 16 encoder.

3.1 High-Pass Pre-Filtering

Refer to Figure 3. The input signal is assumed to be represented by 16-bit linear PCM. Block 203
is a high-pass pre-filter with fixed coefficients. It is a second-order pole-zero filter with the
following transfer function.

0.924133—1.848267 7' +0.924133 72
1-1.899109 7' +0.905396 7>

H,,(z)=

This high-pass pre-filter removes undesirable low-frequency components from the input signal.

3.2 Short-Term Linear Predictive Analysis

The high-pass filtered signal s(n) is buffered at block 210, which performs short-term linear predictive

analysis and quantization to obtain the coefficients for the short-term predictor 240 and the short-term
noise feedback filter 250. This block 210 is further expanded in Figure 5.

Refer to Figure 5. The input signal s(n) is buffered in block 211, where a 20 ms asymmetric
analysis window is applied to the buffered s(n) signal array. The “left window” is 17.5 ms long,

and the “right window” is 2.5 ms long. Let LWINSZ be the number of samples in the left window
(LWINSZ = 140 for 8 kHz sampling), then the left window is given by

witn) =+ 1= cosl — % || .n=1.2. ... LWINSZ
2 LWINSZ +1

Let RWINSZ be the number of samples in the right window. Then, RWINSZ = 20 for 8 kHz
sampling. The right window is given by

(n—-Nrx

———|,n=1,2, ..., RWINSZ.
2RWINSZ

wr(n) = COS(

The concatenation of wil(n) and wr(n) gives the 20 ms asymmetrical analysis window, with the
peak of the window located at the center of the current frame. When applying this analysis
window, the last sample of the window is lined up with the last sample of the current frame.
Therefore, the codec does not use any look ahead.
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Figure 5 Short-term linear predictive analysis and quantization (block 210)

More specifically, without loss of generality, let the sampling time index range of n = 1, 2, ...,
FRSZ corresponds to the current frame, where the frame size FRSZ = 40. Then, the s(n) signal
buffer stored in block 211 is for n = -119, -118, ..., -1, 0, 1, 2, ..., 40. The asymmetrical LPC
analysis window function can be expressed as

( wl(n+120), n=-119,-118,...,20
n =
v wr(n—20), n=2122,...40

The windowing operation is performed as follows.

s, (n)=s(m)w(n), n=-119,-118,...,-1,0, 1,2, ..., 40.

Next, block 211 calculates the autocorrelation coefficients as follows.

40
i)=Y s,(ms,(n=i), i=0,1,2,..8.

n=—119+i

The calculated autocorrelation coefficients are passed to block 212, which applies a Gaussian
window to the autocorrelation coefficients to perform spectral smoothing. The Gaussian window
function is given by
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—riciy,)?

gw(i)=e 2 ,i=1,2,...,8,

where f, is the sampling rate of the input signal, expressed in Hz, and ¢ is 40 Hz.

After multiplying the (i) array by such a Gaussian window, block 212 then multiplies 7(0) by a
white noise correction factor of WNCF = 1 + € , where € = 0.0001. In summary, the output of
block 212 is given by

i) 1.0001x r(0), i=0
r(i) =
gw(i)r(i), i=12,...8

Block 213 performs the Levinson-Durbin recursion to convert the autocorrelation coefficients 7(i)
to the short-term predictor coefficients a, , i =0, 1, ..., 8. If the Levinson-Durbin recursion exits

pre-maturely before the recursion is completed (for example, because the prediction residual
energy E(i) is less than zero), then the short-term predictor coefficients of the last frame is also
used in the current frame. To do the exception handling this way, there needs to be an initial value
of the a, array. The initial value of the g, arrayissetto d,=1 and a, =0fori=1, 2, ..., 8. The

Levinson-Durbin recursion is performed in the following algorithm.

If 7(0) <0, use the a, array of the last frame, and exit the Levinson-Durbin recursion.
E(0)=7(0)

k, =—7(1)/7(0)

a" =k

E(1)=(1-k)E(0)

If E(1)<0, use the a, array of the last frame, and exit the Levinson-Durbin recursion.
Fori=2,3,4, ..., 8, do the following

Nk wh =

i—1 A )
—Fi)=Y.a," i - )

— Jj=1

! EG-1)
a'’ =k

A () _

E(i)=(1-k>E@G-1)

If E(i) <0, use the @, array of the last frame, and exit the Levinson - Durbin recursion.

i

A (i-1 A i—1 . .
a " +ka ", forj=1,2,..,i—1

If the recursion is exited pre-maturely, the a, array of the last frame is used as the output of block

213. If the recursion is completed successfully (which is normally the case), then the final output
of block 213 is taken as
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a, =1

a=a®, fori=1,2,...,8
Block 214 performs bandwidth expansion as follows
a, =(0.96852)'4, ,fori=0,1,...,8.

In addition, it also performs bandwidth expansion operations to derive the coefficients of the short-
term noise feedback filter (block 250). Block 250 in Figure 3 has a transfer function of

>

2

F(z)=N/(2)-1=H—— .

8
=i
; <
8
—i
i <

D

i=0

Block 214 calculates the coefficients of F (z) as
a =(0.85)d, ,fori=0,1,...,8,

B =05 -085]a fori=1.2,...8

3.3 Conversion to LSP

In Figure 5, block 215 converts the LPC coefficients a,,i =1,2,...,8 of the prediction error filter
given by

8
A =1+ a "
i=1

to a set of 8 Line-Spectrum Pair (LSP) coefficients [,,i=1,2,...,8. The LSP coefficients, also

known as the Line Spectrum Frequencies (LSF), are the angular positions normalized to 1, i.e. 1.0
corresponds to the Nyquist frequency, of the roots of

A () =AR)+z AT
and

A ()=Ax)-z Az
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on the upper half of the unit circle, z = e’ 0<w<r, less the trivial roots in z=—1 and z=1 of
A,(z) and A, (z), respectively. Due to the symmetry and anti-symmetric of A, (z) and A, (z),

respectively, the roots of interest can be determined as the roots of

G,(w)= 24: 8, cos(im)

i=0

and
4
G, (w)= ng,; cos(ia))
i=0
where
g _ Jpima i=0
plm.i 2fp|m,4—i i=1...4
in which
1.0 i=0
foi= _
a;+ag;—f,. i=l...4
and

1.0 i=0
S a,—ay; +f,. i=1..4"

The subscript "plm" means dual versions of the equation exist, with either subscript "p" or
subscript "m". The roots of A (z) and A, (z), and therefore the roots of G,(®) and G, (@), are
interlaced, with the first root belonging to G,(®@). The evaluation of the functions G,(®) and

G,(w) are carried out efficiently using Chebyshev polynomial series. With the mapping
x=cos(w),

cos(mw)=T, (x)

where T, (x) is the m™-order Chebyshev polynomial, the two functions G,(®) and G, (@) can be

expressed as

4
Gplm(x) = zgplm,i T;(X)
i=0
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Due to the recursive nature of Chebyshev polynomials the functions can be evaluated as

bplm,() (x)— bplm,Z('x) + 8 pimo
2

G,,(x)=
where b, ,(x) and b, ,(x) are calculated using the following recurrence

bplm,i ('x) = 2'x bplm,i+1('x) - bplm,i+2('x) + gplm,i
with initial conditions b, (x)=b,,, ((x)=0.

The roots of G,(x) and G, (x) are determined in an alternating fashion starting with a root in
G,(x). Each root of G,(x) and G, (x) is located by identifying a sign change of the relevant
function along a grid of 60 points, given in Appendix 1. The estimation of the root is then refined
using 4 bisections followed by a final linear interpolation between the two points surrounding the
root. It should be noted that the roots and grid points are in the cosine domain. Once the 8 roots

X, =cos(a)i), i=12,...,8

are determined in the cosine domain, they are converted to the normalized frequency domain
according to

[, = cos_l(xi)/ﬂ', i=12,...,8

in order to obtain the LSP coefficients. In the rare event that less than 8 roots are found, block 215
returns the LSP coefficients of the previous frame, [ (k—1),i=1,2,...,8, where the additional

parameter k represents the frame index of the current frame. The LSP coefficients of the previous
frame at the very first frame are initialized to

[(0)=i/9, i=12,...,8.

3.4 LSP Quantization

Block 216 of Figure 5 vector-quantizes and encodes the LSP coefficient vector,

1=[l, I, ... ", to a total of 14 bits. The output LSP quantizer index array,
LSPI ={LSPI 1,LSPIZ}, is passed to the bit multiplexer (block 295), while the quantized LSP
coefficient vector, 1= [l~l Z; Zé] " is passed to block 217.
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The LSP quantizer is based on mean-removed inter-frame moving-average (MA) prediction with
two-stage vector quantization (VQ) of the prediction error. The quantizer enables bit-error
detection at the decoder by constraining the codevector selection at the encoder. It should be noted
that the encoder must perform the specified constrained VQ in order to maintain interoperability
properly. The first-stage VQ is searched using the simple mean-squared error (MSE) distortion
criterion, while the second-stage sign-shape VQ is searched using the weighted mean-square error
(WMSE) distortion criterion.

21614
Vs

1 .
LSP spacing Quantized LSP vector

2 (e
"/
A
r2163 21611
Mean LSP vector Second stage VQ
- 8 order MA| .
1 prediction First stage VQ lw
21615
21612 | A 2165:
- € - 8 d'mens'gal
Input LSP vector | : :
Pu Y + €, d::r:egr? :(;: al constrained
1 MSEvVQ | 621 s\%/nMe%Ecgc%;vc;?k
2162 2164
2161
r
Calculate LSPI LSPI
LSP weights| > 'y il

Index sub-quantizer 1 Index sub-quantizer 2

Figure 6 LSP quantizer (block 216)

Block 216 is further expanded in Figure 6. The first-stage VQ takes place in block 2165, and the
second-stage constrained sign-shape VQ takes place in block 21615. Except for the LSP quantizer
indices LSPI,,LSPI, all signal paths in Figure 6 are for vectors of dimension 8. Block 2161 uses

the unquantized LSP coefficient vector to calculate the weights to be used later in the second-stage
WMSE VQ. The weights are determined as

11, - 1)), i=1
w, =4 Umin(l,—1_.I,, —1), 1<i<8
11, —1,_)), =8

Basically, the i-th weight is the inverse of the distance between the i-th LSP coefficient and its
nearest neighbor LSP coefficient.
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Adder 2162 subtracts the constant LSP mean vector,

i=[0.0950317 0.1489563 0.2513123 0.3629456 0.4780884 0.5877075 0.7058105 0.8007202]T,

from the unquantized LSP coefficient vector to get the mean-removed LSP vector,
e =1-1.

In Figure 6, block 2163 performs 8" order inter-frame MA prediction of the mean-removed LSP
vector e, based on the €, vectors in the previous 8 frames, where €, is the quantized version of

the inter-frame LSP prediction error vector”. Let ¢,,(k) denote the i-th element of the vector €, in

the frame that is k frames before the current frame. Let ¢,; be the i-th element of the inter-frame-

predicted mean-removed LSP vector €,. Then, block 2163 calculates the predicted mean-removed
LSP vector according to

8, =Pui 8, () &,2) &,3) &, @ &,05 &,6) &, &,®], i=12...8,
where p, ., holds the 8 prediction coefficients for the i-th LSP coefficient and is given by

" =[1.040710 0.844971 0.682922 0.575989 0.464600 0.346008 0.226074 0.103577]
pLSP,zT =[1.034851 0.884094 0.723816 0.609863 0.489563 0.366516 0.240234 0.109253]
pLSP,3T =[1.055237 0.922180 0.762695 0.644531 0.512695 0.373474 0.238037 0.108337]
pLSP,4T =[1.076843 0.935608 0.790771 0.673523 0.540588 0.399841 0.264221 0.118774]
T =[1.065552 0.901978 0.746155 0.636047 0.514282 0.386169 0.256165 0.117493]
T 2[1.037476 0.848816 0.684326 0.577393 0.463684 0.347717 0.232666 0.107239]
T —[1.022278 0.809021 0.645081 0.535767 0.430481 0.325562 0.219055 0.099304]
T Z[0.964844 0.743469 0.578125 0.484375 0.393250 0.297913 0.201416 0.091736]

Prsp.1

Prsps
Prsp6
Prsp.7

Pisps
Adder 2164 calculates the prediction error vector
e,=e —¢,

which is the input to the first-stage VQ. In block 2165 the 8-dimensional prediction error vector,
e,, is vector  quantized with  the 128-entry, 8-dimensional codebook,

CB, = {cbl(o),cblm,...,cbl(m)}, listed in Appendix 2. The codevector minimizing the MSE is
denoted €,, and the corresponding index is denoted LSPI, :

LSPI, = argmin {(e2 - cbl("))T (e2 - cbl(k))},

kefo.1....,127}

% At the first frame, the previous, non-existing, quantized interframe LSP prediction error vectors are set to zero-vectors.
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