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ABSTRACT

Most modern bandwidth extension techniques predict the high- fre-
quency band based on features extracted from the lower band. While
this works for some frames, problems arise when the correlation be-
tween the low and the high band is insufficient. In these situations,
additional high-band information must be sent to the decoder. In
this paper, we propose a scalable speech coding method based on
the principles of bandwidth extension. The rate selection is based
on explicit psychoacoustic criteria, while the bandwidth extension
is performed using a constrained MMSE estimation technique. Ob-
jective and subjective evaluations indicate that the proposed system
performs at a lower average bit rate when compared to other similar
algorithms while improving speech quality.

Index Terms— bandwidth extension, multirate coding, scalable
speech coding, speech enhancement, psychoacoustics

1. INTRODUCTION

The public switched telephony network and most of today’s cellu-
lar networks use speech coders operating with a limited bandwidth
(0.3 - 3.4 kHz). This in turn places a limit on the naturalness and
intelligibility of the synthesized speech [1]. This is most problem-
atic for sounds whose energy is spread over the entire spectrum. For
example, unvoiced sounds such as ’s’ and ’f’ are often difficult to
differentiate with a narrowband representation. To combat the prob-
lem, algorithms that aim to recover a wideband (0.3 - 7 kHz) speech
signal from its narrowband (0.3 - 3.4 kHz) counterpart have recently
gained popularity [2] - [6]. Researchers have used estimation meth-
ods based on the underlying speech production model to restore the
missing bands. In [2], vector quantization of model parameters is
used at the decoder to reconstruct the wideband signal. In [3] a Gaus-
sian mixture model and a hidden Markov model (HMM) are used to
predict model parameters. The assumption for these approaches is
that there is a sufficient correlation between the narrowband features
and the wideband envelope. While this is true for some frames, the
assumption does not hold generally [7]. In Fig. 1, we show exam-
ples of two frames that illustrate this. The figure shows two frames
of wideband speech along with the true envelopes and predicted en-
velopes. The estimated envelope was predicted using a technique
solely based on pre-trained Gaussian mixture models [5] [20]. The
top figure shows a frame for which the predicted envelope matches
the actual envelope quite well. In the bottom figure, the estimated
envelope greatly deviates from the actual and in fact introduces two

This work is supported by an NSF Graduate Research Fellowship. A

patent pre-disclosure has been filed.

0 1 2 3 4 5 6 7 8
40

30

20

10

0

10

Frequency (kHz)

Sample Speech Spectra and Corresponding Envelopes

0 1 2 3 4 5 6 7 8
40

35

30

25

20

15

10

5

0

Frequency (kHz)

Speech Spectrum
Actual Envelope
Predicted Envelope

Speech Spectrum
Actual Envelope
Predicted Envelope

Fig. 1. Wideband speech spectra (in dB) and their actual and pre-
dicted envelopes

high-band formants. In addition, it misses the two formants located
between 4 kHz and 5.5 kHz. To avoid this, one can encode the high
band separately using only a limited number of parameters. Since
the higher frequency band is perceptually less relevant than its low
frequency counterpart, a coarse representation is often sufficient for
a perceptually lossless representation [13]. This idea is also used in
high-fidelity audio coding based on spectral band replication [15],
where an underlying perceptual codec encodes the lower frequency
band while the high band is coarsely parameterized using fewer pa-
rameters.

In this paper, we propose a multirate bandwidth extension algo-
rithm that allocates bits only to frames that benefit from a wideband
representation. A coder/decoder structure is proposed in which the
lower frequency band is encoded using an existing linear prediction
coder while the high band is generated using a novel method based
on a constrained MMSE estimator. A rate determination algorithm
based on explicit psychoacoustic criteria determines the appropriate
mode for the coder on a frame-by-frame basis. The bandwidth exten-
sion algorithm is based on a source-filter model in which the high-
band envelope and excitation are estimated separately. Depending
upon the selected rate, the envelope and excitation are either param-
eterized at the encoder or predicted at the decoder. We compare the
proposed scheme to the adaptive multi-rate (AMR) coder and show
that the proposed algorithm achieves improved audio quality at a
lower average bit rate.

This paper is organized as follows: Section 2 provides a descrip-
tion of the coder/decoder. In Section 3, sample results are presented
and section 4 contains concluding remarks.
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Fig. 3. The original excitation pattern and the excitation pattern as-
sociated with a frame encoded in 3 of the modes. For this frame, no
extra information was deemed necessary

2. PROPOSED METHOD
A high level diagram of the proposed system is shown in Fig. 2. The
algorithm operates on 20ms frames sampled at 16 kHz denoted by
s(n) . The low band of the audio, sLB(n), is encoded using an ex-
isting linear prediction (LP) coder, while the high band, sHB(n),
is artificially extended using an algorithm based on the source/filter
model. The rate determination algorithm selects one of four possi-
ble modes under which the bandwidth extension system can operate.
Depending upon the chosen rate at the encoder, the high-band exci-
tation and envelope are appropriately parameterized and transmitted
to the decoder. The decoder uses a series of prediction algorithms to
generate estimates of the high-band envelope and excitation, respec-
tively denoted by ŷ and uHB(n). These are then combined with the

LP coded lower band to form the wideband speech signal, s
′
(n).

In this section, we provide a detailed description of the three
main components of the algorithm: i) the rate determination algo-
rithm ii) the envelope extension algorithm iii) the excitation exten-
sion algorithm.

2.1. Rate Determination
The inclusion of explicit psychoacoustic criteria in speech coding
has been shown to remove perceptual redundancies [8] [9]. In this

section we describe the rate determination algorithm based on exci-
tation pattern matching and partial loudness [13] [12]. The proposed
bandwidth extension algorithm operates in four possible modes out-
lined in Table 1. The purpose of the rate determination algorithm
is to determine whether there is a perceptual gain in encoding the
excitation and/or the envelope on a frame-by-frame basis. The exci-
tation is encoded using the algebraic codebook found in the adaptive
multi-rate (AMR) codec [11], whereas the envelope is encoded by
transmitting energy values for subbands of the high-band.

The appropriate mode for the frame is selected using a deter-
mination - by - synthesis algorithm. At the encoder, the frame is
coded/decoded using each of the four rates and the perceptual dif-
ference between the decoded frame and the true frame is analyzed.
This difference is based on the difference in excitation patterns be-
tween the predicted speech and actual speech [14]. This difference is
then compared to a threshold estimated using the metrics obtained in
the previous 5 frames. To determine the number of subbands to en-
code, L, the authors refer to a previously proposed algorithm based
on partial loudness [10].

Modes of Operation Required Bits

1 Excitation Predicted, Envelope Predicted 0 + 0
2 Excitation Encoded, Envelope Predicted 72 + 0
3 Excitation Predicted, Envelope Encoded 0 + 3L
4 Excitation Encoded, Envelope Encoded 72 + 3L

Table 1. The four possible modes of operation and the bits required
for each mode (20ms frames). L is the number of subband energy
values to encode

In Fig. 3, we plot the true excitation pattern and the excitation
patterns corresponding to three of the modes. As is expected, the
higher the bit-rate the closer the excitation patterns of the synthe-
sized audio are to the true excitation.

2.2. Envelope Extension

The envelope extension algorithm is based on a constrained MMSE
estimator that predicts the envelope based on features extracted from
the lower band and energy values (loosely speaking) transmitted
from the encoder (if necessary). The low band feature vector, de-
noted by f , includes the narrowband cepstral coefficients, the pitch
period, the spectral flatness, the spectral centroid and the zero cross-
ing rate. Making use of these narrowband features and the transmit-
ted energy values, we predict the high-band LPC cepstrum denoted
by y.

2.2.1. Formulating the Constrained MMSE Estimator
As stated earlier, the envelope extension algorithm has two different
modes of operation. Assume that we are operating in modes 3 and 4
(the encoder transmits L energy values corresponding to L different
subbands of the high band). The constrained MMSE estimator is
encapsulated in equation (1):

min E[‖y − ŷ‖2|f ] (1)

ŷ
s.t. 2ŷTFs1 = ε1, 2ŷTFs2 = ε2, . . . , 2ŷTFsL = εL

where si is the selector vector corresponding to the i
th subband of

the high band

sTi = [00 . . . 0

N/L
� �� �

11 . . . 1 00 . . . 0],

Fi,j = cos(i 2πj
N/2−1 ) i = 0 . . . 10, j = 0 . . . N

2
− 1, N is the

number of samples in the narrowband frame, and 2ŷTFsi represents
the energy of the envelope in subband i in dB.
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Fig. 4. The original high-band envelope, its MMSE estimate, and
the constrained MMSE estimate

We can write the Lagrangian associated with (1) by writing a
joint cost function that includes the function to be minimized and
the constraints. The minimizer of this cost function will ensure that
the energy of the envelope in certain bands is maintained at appro-
priate levels while also making use of the relationship between the
extracted low-band features and the envelope of the missing band. It
can be easily shown that the solution to (1) is given by (2):

ŷ =

�
yp(y|f)dy + F (λ1s1 + . . .+ λLsL) , (2)

where the λi’s can be computed from the constraints in (1).

2.2.2. Estimating the Joint Probability Distribution
In order to obtain a closed form solution for (2), it is necessary to
estimate the multivariate probability distribution function that de-
scribes the joint statistical relationship between the input low-band
features and the wideband envelope, p(f ,y). A common practice for
obtaining the probability distribution of large dimensional problems
is to model the distribution using a weighted finite sum of Gaussians
[17]. The joint distribution can then be written as follows:

p(f ,y) =

K�
k=1

akpk(f ,y) (3)

where pk(f ,y) = N(Ck,μk). The parameters of this model, namely
theCi’s and the μi’s, are estimated using the expectation maximiza-
tion (EM) algorithm using approximately 30 minutes of training data
obtained from the TIMIT database [18].

Given a pre-trained Gaussian mixture model (GMM) described
by (3), we can derive the conditional distribution required to obtain
the conditional expectation in (2). The parameters associated with
each Gaussian in (3) can be decomposed into parts corresponding to
pk(f) and pk(y) as shown below:

Ck =

�
Cff

k Cfy
k

Cyf
k Cyy

k

�
,μk =

�
μf

k

μy
k

�
. (4)

We can now write the conditional expectation in (2) in terms of the
parameters of the pre-trained GMM as shown in (5).

ŷ =

K�
k=1

a′
k

�
μy

k + Cyx
k Cxx

k
−1

(f − μf
k)
�

(5)

+ F (λ1s1 + . . .+ λLsL) ,

where a′
k = ak

pk(f)�K
k=1 akpk(f)

.

The estimator in (5) may change depending on the mode of op-
eration. If the rate determination algorithm deems the transmittal of
extra information unnecessary, the estimator changes to an MMSE
estimator without the additional correction factor to account for the
transmitted energy values. For frames that require the extra informa-
tion, pre-trained 3-bit VQ quantizers for the subband energy values
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Fig. 5. Top: A sample speech segment. Middle: The selected mode
of operation. Bottom: The excitation pattern errors for mode 1 and
the selected mode

are used for encoding. Four VQ quantizers are trained (1 for each
subband of the high-band).

In Fig. 4 we show the true high-band envelope for a segment,
the MMSE estimate of the envelope, and the constrained MMSE es-
timate of the envelope. As the figure shows, the constrained MMSE
estimate is closer to the actual envelope than the envelope solely
based on prediction.

2.3. Excitation Extension
The high-band excitation is estimated using one of two possible
methods. For the modes of operation requiring no extra informa-
tion (modes 1 and 3), the high-band excitation is simply a scaled and
frequency translated version of the narrowband excitation. This sim-
ple method maintains the harmonic structure for voiced frames and
the random-like structure for unvoiced frames. Mathematically, the
excitation is given by:

uHB = G
w(n)��N
i=0 w(i)2

���� N�
i=0

uLB(i)2 (6)

where w(n) is the translated version of the narrowband excitation,
uLB(n) is the low band excitation, and G is the energy of the high-
band excitation. G is estimated using the low band spectral tilt cal-
culated using the approach in [11].

For the mode of operation requiring that the excitation be en-
coded, the algebraic codebook used in the adaptive multi-rate (AMR)
algorithm is used [11]. The first three tracks are encoded using 3 bits,
whereas the fourth is encoded using 4 bits. An additional 4 bits is
required for the sign of each pulse. The full excitation is the sum
of the fixed (algebraic) and the adaptive codebooks. The adaptive
codebook gain is encoded using 4 bits whereas the delay (lag) is
estimated from the lower band.

3. RESULTS
We evaluate results in terms of objective and subjective measures.
The average log spectral distortion (LSD) over a number of speech
segments is used to compare the proposed algorithm against a band-
width extension algorithm that is solely based on prediction [16].
As Table 2 shows, the LSD associated with the proposed algorithm
is smaller, indicating that the audio segments synthesized using the
proposed approach are perceptually closer to the original. This is
also shown in Fig. 5 in which we plot a sample speech segment (top);
the mode that was selected by the rate determination algorithm on a
frame- by- frame basis (middle); the difference in excitation patterns
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(EP) between the coded signal and the original (bottom). The dif-
ference in the bottom plot is shown for both the selected mode and
mode 1. There is a considerable reduction in the EP error when addi-
tional information is sent, thereby reducing the perceptible artifacts
in the synthesized audio. This is also verified with subjective results
below.

Database Speech Sample Prediction Proposed
Based BWE BWE algorithm

TIMIT Male Speakers 4.03 dB 3.75 dB
TIMIT Female Speakers 4.20 dB 3.62 dB

Table 2. A comparison of log spectral distortions between the pro-
posed algorithm and an algorithm based only on prediction

In addition to the objective scores based on the LSD, informal
listening tests were also conducted. In these tests we compare the
proposed algorithm against the adaptive multi-rate narrowband en-
coder (AMR) operating at 12.2 kbps [11]. For the implementation of
the proposed algorithm, we encode the low band (200 Hz - 3.4 kHz)
of the signal at 7.95 kbps using AMR, and the high band (3.4 kHz - 7
kHz) using the techniques proposed in this paper. For all the exper-
iments, a frame size of 20 ms was used. A group of 8 listeners was
asked to state their preference between the proposed algorithm and
the AMR 12.2 kbps for a number of different utterances. We com-
pare the algorithms using utterances (not in the training set) from the
TIMIT database [19] [18]. The results in Table 3 indicate that most
listeners prefer the proposed algorithm in high SNR cases, however
the results at low SNR scenarios are mixed. The reason for this is
the introduction of the narrowband noise into the high band (through
the extension of the excitation) becomes much more prominent in the
low SNR scenario; therefore the speech is extended to the wideband,
but so is the noise. On average, however, the results indicate that for
approximately 3 kbps less we obtain clearer, more intelligible audio.

Database Speech Sample Preference High Band
Score Bit Rate

TIMIT Male Speaker (clean) 75.0% 0.94 kbps
TIMIT Female Speaker (clean) 87.5 % 0.91 kbps
TIMIT Male Speaker (20 db SNR) 62.5 % 0.98 kbps
TIMIT Female Speaker (20 db SNR) 87.5 % 1.12 kbps
TIMIT Male Speaker (5 db SNR) 62.5 % 1.31 kbps
TIMIT Female Speaker (5 db SNR) 50.0 % 1.22 kbps

Table 3. Preference scores for the proposed algorithm when com-
pared to the AMR 12.2 kbps algorithm.

Database Speech Sample Artificial WB PS

CWP Male Speaker 87.5 %
CWP Female Speaker 87.5 %
TIMIT Male Speaker (20 db SNR) 75.0 %
TIMIT Female Speaker (20 db SNR) 62.5 %
TIMIT Male Speaker (5 db SNR) 50.0 %
TIMIT Female Speaker (5 db SNR) 37.5 %

Table 4. Preference scores for the algorithm operating in mode 1 (no
extra information sent from encoder to decoder) under noisy condi-
tions.

In addition to operating as a speech coder, the algorithm can
be forced to operate in mode 1 (no extra information transmitted),
thereby acting as a speech enhancement system. To examine this par-
ticular mode, we also include speech signals from the CWP database
for the subjective tests. This corpus consists of noisy utterances from
336 cellular telephone users in a typical outdoor environment. The

results are given in terms of preference scores (PS) again. Each lis-
tener is asked to compare the original noisy narrowband (NB) speech
with the artificially extended wideband (WB) speech and select the
preferred one. As the results show, for slightly noisy scenarios (ut-
terances 1 - 4 in Table 4) the majority of listeners preferred the wide-
band signal citing improved ”intelligibility” and a ”crisper” sound.
For the low SNR scenario (utterances 5 and 6 in Table 4), there is no
clear preference in the results.

4. CONCLUSION
In this paper, we proposed a scalable speech coding method based
on bandwidth extension. A psychoacoustic based rate determination
algorithm selects an appropriate mode for each frame and decides
on the number of extra bits required for a wideband representation.
The envelope and excitation extension algorithms combine the trans-
mitted information with predictive models in order to generate the
final estimates. Results indicate that we can reduce the bit rate of
a coded signal while improving quality. Although, the algorithm
shows promise in its current form, further improvements are pos-
sible. Ongoing work focuses on better estimation methods for the
excitation and improved performance in noisy conditions. In addi-
tion, quantization schemes specifically optimized for the problem at
hand are also being studied.
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