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Abstract

We present in this paper new methods for achieving high-
quality wideband speech at low rates using the ACELP
algorithm. Several innovations are introduced to optimize the
quality and minimize the complexity of the coder. A multi-rate
wideband speech encoding algorithm based on these
techniques was recently selected by 3GPP as the standard for
AMR-WB, and is currently one of the candidates for the ITU-
T wideband speech coder standard at around 16 kbit/sec. This
standard was jointly developed by VoiceAge and Nokia.

1. Introduction

Wideband speech coding is becoming increasingly important
for numerous applications such as audio/video
teleconferencing, multimedia and wireless applications.  Until
recently, telephone bandwidths (200-3400 Hz) were mainly
used in speech coding applications. However, wider
bandwidths (7 kHz or more) give more natural sounding
speech, with increased presence, comfort, and intelligibility
[1].

The CELP model has been very successful in encoding
telephone-band speech signals, and several CELP-based
standards are being deployed in a wide range of applications,
especially in digital cellular systems [2]. However, some
difficulties arise when applying the CELP model to wideband
signals, and several features need to be added to obtain a high
quality sound at low rates. These features relate in particular to
perceptual weighting, pitch prediction and voicing, and
innovative codebook size and search algorithms.

In this article, we present novel methods that address the
above mentioned issues resulting in high-quality wideband
ACELP coding at rates from 12 to 24 kbit/s. These methods
have been used in the AMR-WB codec recently selected in
3GPP/ETSI. The article is organized as follows. Sections 2
and 3 give an overview of the key aspects of the coder and the
decoder, respectively. Subjective results are presented in
section 4 and conclusions are presented in Section 5.

2. Coder overview

The basic structure of the coder is the ACELP algorithm [2].
The input signal is sampled at 16 kHz, but downsampled at
12.8 kHz (ratio of 4/5) before encoding. This allows

complexity reduction and very efficient innovative codebook
structures. At the decoder, the synthesis signal is upsampled at
16 kHz and the high-frequencies are regenerated using a novel
procedure that will be discussed below.
After decimation, high-pass and pre-emphasis filtering is
performed. LP analysis is performed once per frame. The set
of LP parameters is converted to immittance spectrum pairs
(ISP) and vector quantized using split-multistage vector
quantization (S-MSVQ) with 46 bits. The speech frame is
divided into 4 subframes of 5 ms each (64 samples). The
adaptive and fixed codebook parameters are transmitted every
subframe. The pitch lag is encoded with 9 bits in odd
subframes and relatively encoded with 6 bits in even
subframes. One bit per subframe is used to determine the low
pass filter applied to the past excitation. The pitch and
algebraic codebook gains are jointly quantized using 7 bits per
subframe. Algebraic codebooks of size 36, 44, 52, 64, 72, and
88 bits are used at rates 12.65, 14.25, 15.85, 18.25, 19.85, and
23.05 kbit/s, respectively.
More detailed description of the AMR-WB codec algorithm is
found in [3], including the bit allocations of the remaining
rates at 6.6, 8.85, and 23.85 kbit/s. We emphasize here some
important features in the algorithm.

2.1. Perceptual weighting

In CELP coders, the optimum pitch and innovation parameters
are searched by minimizing the mean squared error between
the input speech and synthesized speech in a perceptually
weighted domain.

Typically, perceptual weighting is performed through the use
of a weighting filter having a transfer function W(z) of the
form
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where 1/A(z) is the linear predition (LP) filter. The amount of
weighting is controlled by the factors γ1 and γ2. It can be
shown that the quantization error is shaped by the inverse
transfer function W-1(z), which exhibits some of the formant
structure of the input speech signal. This exploits the masking
property of the human ear.

This traditional structure for W(z) works well with telephone
band signals, where the spectral envelope does not exhibit a
strong tilt. However, it is not suitable for wideband signals,
due to the inherent limitations of W(z) in modelling both the
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formant structure and the required spectral tilt, which is more
pronounced in wideband signals due to the high dynamic
range.
It was suggested in [4] to add a tilt filter into W(z) in order to
control the tilt and formant weighting separately. A novel
solution to this problem is to introduce a preemphasis filter of
the form F(z) = 1−µz-1 at the input, compute the LP filter A(z)
based on the preemphasized speech s(n), and use a modified
filter W(z) by fixing its denominator. An example of transfer
function for the perceptual weighting filter is given by the
following relation:
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where 0 ≤ γ 1 ≤ γ 2 ≤ 1. A higher order filter can also be used at
the denominator.  This structure substantially decouples the
formant weighting from the tilt. It also gives more importance
to low-frequencies than with other weighting filter structures,
even in unvoiced sounds.

Since deemphasis is performed at the decoder using a filter
having the transfer function 1/F(z), the quantization error
spectrum is shaped by a filter having a transfer function
W-1(z)F -1(z).  When γ2 is set equal to µ, the spectrum of the
quantization error is shaped by a filter whose transfer function
is 1/A(z/γ1), with A(z) computed based on the preemphasized
speech signal.  Subjective listening showed that this structure
for achieving the error shaping by a combination of
preemphasis and modified weighting filtering is very efficient
for encoding wideband signals.

2.2. Pitch prediction

A one tap pitch predictor has the following transfer function:
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where b is the pitch gain and T is the pitch delay or lag. In this
case, the pitch contribution to the excitation signal u(n) is
given by vT(n)=bu(n-T). To improve the quality of voiced
segments, a higher pitch resolution is used by over-sampling
the past excitation signal (pitch lag T becomes a non-integer
delay) [5].  Further, to reduce complexity, closed-loop pitch
search is performed for only a few lags around an open-loop
pitch estimate.

When the pitch predictor is represented as in Equation (3), the
corresponding frequency response exhibits a harmonic
structure over the entire frequency range.  However, the
harmonic structure in wideband signals does not cover the
entire spectrum. Thus, in order to achieve efficient
representation of the pitch contribution in voiced segments of
wideband speech, the pitch prediction filter needs to have the
flexibility of varying the amount of periodicity over the
wideband spectrum.

We thus introduce several forms of low pass filters to the past
excitation to perform pitch analysis, and the low pass filter
with higher prediction gain is selected. When subsample pitch
resolution is used, the low pass filters can be incorporated into
the interpolation filters.
To minimize complexity, the open-loop and closed-loop pitch
searches can be first performed without taking into account the
different low-pass filters. Then, the optimum low-pass filter

can be selected by applying the different predetermined filters
to the chosen pitch codebook vector vT and selecting the low-
pass filter which minimizes the pitch prediction error.

2.3. Algebraic codebook structure and search

In wideband coding, very large innovation codebooks are
needed to guarantee a high speech quality. In this section, an
algebraic codebook structure is described whereby codebooks
with size as high as 88 bits can be designed and efficiently
searched.

In our implementation, the subframe size is 64 samples (5 ms
at 12.8 kHz sampling). The codebook structure is based on
interleaved single-pulse permutation (ISPP) design. The 64
positions in the codevector are divided into 4 tracks of
interleaved positions, with 16 positions in each track, as in
Table 2. The different codebooks at the different rates are
constructed by placing a certain  number of signed pulses in
the tracks (from 1 to 6 pulses per track). The codebook index,
or codeword, represents the pulse positions and signs in each
track. Thus, no codebook storage is needed, since the
excitation vector at the decoder can be constructed through the
information contained in the index itself (no lookup tables).

Track no Valid pulse positions in
each track

0 0, 4, 8, 12, … , 60
1 1, 5, 9, 13, … , 61
2 2, 6, 10, 14, … , 62
3 3, 7, 11, 15, …, 63

Table 2  Valid pulse positions per track

If a single signed pulse is placed in each track, the pulse
position is encoded with 4 bits and its sign is encoded with 1
bit, resulting in a 20-bit codebook. If two signed pulses are
placed in each track, the two pulse positions are encoded with
8 bits and their corresponding signs can be encoded with only
1 bit by exploiting the pulse ordering. Therefore a total of
4x(4+4+1) = 36 coding bits are required to specify pulse
positions and signs for this particular algebraic codebook
structure. Other codebook structures can be designed by
placing 3, 4, 5, or 6 pulses in each track, with the latter
corresponding to an 88 bit codebook (exploiting redundancy
in pulse permutations within a track).

The algebraic codebook is searched, in each subframe, by
minimizing the mean squared error between the filtered
codevector and the target signal x[n], formed by subtracting
the filter memories and pitch contribution from the weighted
input speech.
Let h[n] denote the impulse response of the weighted synthesis
filter, and let the Matrix H be defined as the lower triangular
Toeplitz convolution matrix with diagonal h(0) and lower
diagonals h(1) ,…, h(N-1), with N=64. Vector xHd t=  is the
correlation between the target signal x[n] and all shifted

versions of the impulse response h[n] and HH t=Φ  is the
matrix of correlations of h[n].
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If ck is the algebraic codevector at index k, then the algebraic
codebook is searched by maximizing the search criterion [2] :
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Vector d and matrix Φ are usually computed prior to the
codebook search, since they are independent of index k.

The algebraic structure of the codebooks allows for very fast
search procedures since the innovation vector ck contains only
a few nonzero pulses.  The correlation in the numerator of
Equation (4) is given by

∑
−

=

=
1

0

)(R
pN

i
ii mda  (5)

where mi is the position of the ith pulse, ai is its amplitude,
and Np is the number of pulses. The energy in the denominator
of Equation (4) is given by
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To simplify the search procedure, the pulse amplitudes are
predetermined based on a certain reference signal b(n). In this
approach, the sign of a pulse at position i is set equal to the
sign of the reference signal at that position. Here, the reference
signal b(n) is used which is a function of d(n) and long-term
residual signal.

To further simplify the search, modified signals d(n) and
matrix Φ are computed by incorporating the pre-selected
signs. The correlation at the numerator of the search criterion
Qk is now given by
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and the energy at the denominator of the search criterion Qk is
given by
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The goal of the search now is to determine the codevector with
the best set of Np pulse positions which maximizes Qk. in
Equation (4), assuming amplitudes of the pulses have been
pre-selected as described above.

A fast search procedure known as a depth-first tree search is
used, whereby the pulse positions are determined Nm pulses at
a time. More precisely, the Np available pulses are partitioned
into M subsets of Nm pulses such that N1+N2...+Nm...+NM = Np.
A particular choice of positions for the first J = N1+N2...+Nm-1

pulses considered is called a level-m path or a path of length J.
The basic criterion for a path of J pulse positions is the ratio
Qk(J) when only the J relevant pulses are considered. The
search begins with subset 1 of N1 pulses and proceeds with
subsequent subsets according to a tree structure whereby
subset m is searched at the mth level of the tree.
A special form of the depth-first tree search procedure is used
here, in which two pulses are searched at a time, that is, Nm=2,
and these 2 pulses belong to two consecutive tracks. Further,
instead of assuming that the matrix Φ is precomputed and
stored, which requires a memory of N×N words (64×64= 4k
words), a memory-efficient approach is used which reduces
the memory requirement. In this approach, the search

procedure is performed in such a way that only a part of the
needed elements of the correlation matrix are precomputed
and stored. This part involves the correlations of the impulse
response corresponding to potential pulse positions in
consecutive tracks, as well as the correlations corresponding to
φ(j,j), j=0,…,N-1 (that is the elements of the main diagonal of
matrix Φ).

In order to reduce complexity, while testing possible
combinations of two pulses, a limited number of potential
positions of the first pulse are tested. Further, in case of large
number of pulses, some pulses in the higher levels of the
search tree are fixed. In order to guess intelligently which
potential pulse positions are considered for the first pulse or in
order to fix some pulse positions, a "pulse-position likelihood-
estimate vector" b is used, which is based on speech-related
signals.  The pth component b(p) of this estimate vector b
characterizes the probability of a pulse occupying position p (p
= 0, 1, ... N-1) in the best codevector we are searching for.
Here the estimate vector b is the same vector used for
preselecting the amplitudes.
The search procedures for all bit rate modes are similar. At a
given tree level, two pulses are searched at a time with other
pulses fixed, and these two pulses always correspond to
consecutive tracks. That is the two searched pulses are in
tracks T0-T1, T1-T2, T2-T3, or T3-T0.
Before searching the positions, the sign of a pulse at potential
position n is set to the sign of b(n) at that position. Then the
modified signal d’(n) is computed by including the
predetermined signs. For the first 2 pulses (1st tree level), the
correlation at the numerator of the search criterion is given by

       )(')(' 10 mdmdR +=               
(9)

and the energy at the denominator of the search criterion Qk is
given by

  ),(' 2),(' ),(' 101100 mmmmmmE φφφ ++=            (10)

For subsequent levels, the numerator and denominator are
updated by adding the contribution of two new pulses.
Assuming that two new pulses at a certain tree level with
positions mk and  mk+1 from two consecutive tracks are
searched, then the updated value of R is given by

                              )(')(' 1+++= kk mdmdRR

and the updated energy is given by
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where Rhv(m) is the correlation between the impulse response
h(n) and a vector vh(n) containing the sum of delayed versions

of impulse response at the previously determined positions.
At each tree level, the values of Rhv(m) are computed online
for all possible positions in each of the two tracks being tested.
It can be seen from Equation (8) that only the correlations

),(' 1+kk mmφ   corresponding to pulse positions in two

consecutive tracks need to be stored (4×16×16 words), along
with the correlations ),(' kk mmφ corresponding to the

diagonal of the matrix Φ (64 words). Thus the memory
requirement in the present algebraic structure is 1088 words
instead of 64×64=4096 words.

In order to keep a comparable search complexity across the
codebooks at different rates, the number of tested positions is
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kept similar. This translates into a search tree that is wider at
low rates and deeper at high rates.

3. Decoder

Some post-processing techniques have been added to the
decoder in order to improve the subjective quality.  These
techniques are summarized below.

A nonlinear gain smoothing technique  is applied to the fixed
codebook gain in order to enhance the excitation in noise
signals. Based on the stability and voicing of the speech
segment, the gain of the fixed codebook is smoothed in order
to reduce fluctuations in the energy of the excitation in case of
stationary signals. This improves the performance in case of
stationary background noise.

A pitch enhancer procedure modifies the total excitation by
filtering the fixed codebook excitation through an innovation
filter whose frequency response emphasizes the higher
frequencies more than lower frequencies, and whose
coefficients are related to the periodicity in the signal

Since the coder operates at a downsampled rate of 12.8 kHz,
the coded bandwidth can be at most 6.4 kHz. This is slightly
below the 7 kHz required for wideband. To recover the high-
frequency content, post-processing is applied at the decoder.
The proposed method to recover high-frequency components
(in the subjective sense) is to filter a scaled bandlimited white
noise, sampled at 16 kHz, through the same LP filter used at
12.8 kHz. The formant structure produced in the 6.4-8 kHz
band is thus a dilated version of the 5.1-6.4 kHz band in the
downsampled signal.

4. Subjective tests results

A multi-rate wideband coder using the techniques proposed in
this paper was tested in the 3GPP selection tests to determine a
WB-AMR standard. Some results are reported in [5]. A
version of the codec at 15.85 and 23.05 kbit/s was also
submitted to the ITU-T wideband qualification tests. The test
results are reported below.

Two experiments were performed for the ITU-T selection test.
In the first experiment, which was conducted by COMSAT,
the codec performance was assessed for clean background in
the presence of input level variation, tandem, and frame
erasures. The Experiment was performed using the 5-point
scale ACR method with P.341-weighted speech. Source
speech for Experiment 1 was a sub-set of the North-American
English DYNASTAT speech database and consisted of 5
different sentence-pairs for each of the two male and two
female talkers.  24 non-expert English-speaking listeners
(nominally balanced for gender) were arranged in three groups
of 8 listeners who used headphones with speech material
presented binaurally.
The experiment consisted of 24 conditions including the coder
under test at 16 and 24 kbit/s (level variation, tandeming, and
frame erasure), and the reference coder (G.722) at 48 and 56
kbit/s (and one condition at 64 kbit/s). Part of the results are
shown in Figure 1 [6].

Experiment 2 assessed the codec quality in the presence
of background noise with one and two tandems. Four types of
noise were used: office, babble, car, and interference talker. A
5-point scale DCR method with P.341-weighted speech was
used. The codec at 16 and 24 kbit/s was compared to G.722 at
48 and 56 kbit/s in terms of percentage of poor-or-worse
(PoW). This is given by the percentage of scores of 1 and 2.
The detailed results can be found in [7]. Among 6 candidates,
this codec was the only one that met all ITU-T requirements
for background noise conditions

Figure 1:  Subjective tests results

5. Conclusions

We presented in this paper new techniques for high-quality
coding of wideband speech using the ACELP model. These
techniques improve both objective and subjective quality by
paying attention to noise shaping and harmonic content. Very
large innovative codebooks also insure good waveform
matching while keeping the complexity low through the use of
highly efficient algebraic structures and search procedures. A
multirate wideband speech coder based on these techniques
was selected by 3GPP/ETSI as the AMR-WB speech coder,
and is currently a candidate for ITU-T standardisation.
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