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ABSTRACT

In this paper, we propose a feature enhancement algorithm for
wireless speech recognition in adverse acoustic environments. A
speech recognition system is realized at the receiver side of a wire-
less communications system and feature parameters are extracted
directly from the bitstream of the speech coder employed in the
system. The feature parameters are composed of spectral envelope
and coder-specific information. The proposed feature enhance-
ment algorithm incorporates feature parameters obtained from the
decoded speech and an enhanced version into the bitstream-based
feature parameters. Moreover, the coder-specific parameters are
improved by reestimating the codebook gains and residual energy
from the enhanced residual signal. HMM-based connected digit
recognition experiments show that the proposed feature enhance-
ment algorithm significantly improves recognition accuracy at low
SNR without causing poorer performance at high SNR.

1. INTRODUCTION

Wireless communications networks provide more adverse environ-
ments for speech recognition than wireline networks. The adverse
environments are characterized by low signal-to-noise ratio (SNR)
speech due to ambient noise [1] and by packet loss due to channel
impairments [2]. The former environment also occurs in wireline
networks and results in degrading speech recognition performance
[1]. In addition to the packet loss, low-bit-rate speech coders em-
ployed in wireless networks result in additional degradation to
recognition performance [3]. Moreover, in acoustic noisy envi-
ronments, a speech coder fails to generate high quality speech. As
a remedy to these problems, we can consider introducing robust
techniques that are conventionally used in wireline speech recog-
nition [4]. They include speech enhancement, feature normaliza-
tion/transformation, and model compensation. A typical speech
enhancement algorithm tries to subtract the noise spectrum from
the noisy speech spectrum by using a spectral subtraction method.
Feature normalization techniques such as cepstral mean subtrac-
tion (CMS) and a high-pass filtering of cepstral coefficients have
been developed to remove the convolutional noise caused by the
channel, where the channel includes the transducer effect and tele-
phone channel characteristics [1]. Model compensations or adap-
tations are used to newly estimate the model parameters with a
small amount of data obtained from a new environment. Also, they
can be implemented without any additional data. However, model
compensation techniques are out of the scope of this work because
we are mainly concerned with the design of a robust front-end for
wireless speech recognition.

In this work, we assume that a speech recognition system is

constructed in the receiver side of a wireless network and the recog-
nition feature parameters are directly obtained from the bitstream
generated by a speech coder [5]. Therefore, the robustness of the
feature parameters is highly dependent on the accuracy of spec-
tral analysis used in the speech coder. When speech enhancement
is applied to the input noisy speech as a preprocessing stage to
speech coding, the speech encoder can obtain a more accurate
spectral analysis of the noisy speech. And thus, improved per-
formance of the speech recognition system can be achieved [6].
However, speech enhancement may degrade the speech quality in
a high SNR environment, and may lower recognition accuracy as
well. Moreover, it may not be practical to implement a speech en-
hancement algorithm at the encoder side of the speech coder. The
speech recognition system considered in this work must give reli-
able performance for speech signals obtained from a broad range
of wireless phones. Some phones might have a speech enhance-
ment algorithm, but others may not. This leads us to develop an
enhancement scheme that only operates in the receiver side of a
wireless communications system.

Following this introduction, we briefly review the bitstream-
based front-end for wireless speech recognition in Section 2. In
Section 3, we describe the proposed feature enhancement algo-
rithm and discuss its implementation issues. In Section 4, we per-
form connected digit recognition in additive noisy environments.
Finally, we present our conclusions in Section 5.

2. BITSTREAM-BASED FEATURE EXTRACTION

Throughout this work, we choose the IS-136 digital cellular sys-
tem as a wireless communications system that employs the IS-641
speech coder [7]. The bitstream for a frame is largely divided into
two classes. One is 26 bits for line spectrum pairs (LSP) quantiza-
tion and the other is 122 bits for residual information. We first
obtain the decoded LSP’s from the 26 bits, where these LSP’s
represent the spectral envelope of a 30 ms speech segment with
a frame rate of 50 Hz. Since the frame rate of the conventional
spectral analysis used for speech recognition is usually 100 Hz
and we want to simply replace the conventional front-end with
the proposed one, we interpolate these LSP’s with those of the
previous frame and thus make the frame rate 100 Hz. Next, cep-
stral coefficients of order ten are obtained from the conversion of
LSP-to-LPC followed by LPC-to-cepstrum conversion. We ob-
tain the ten liftered cepstral coefficients by applying the bandpass
lifter to the cepstral coefficients. For the coder-specific parameters
we decode the residual signal from the adaptive codebook lags,
the shape or algebraic codebook indices, and the codebook gains.
Then, we compute an energy parameter by taking the logarithm of
the square-sum of the residual for 10 ms. In addition, the adap-



tive codebook gain and the fixed codebook gain parameters are
extracted twice every frame. As a result, the feature vector is 13-
dimensional including ten LPC-cepstral coefficients, a normalized
logarithmic residual energy, an adaptive codebook gain parameter,
and a fixed codebook gain parameter. Finally, we apply CMS to
each feature parameter except the logarithmic residual energy, and
add the first and second time differences of each parameter, where
the first and the second differences are computed by five and three
frame windows, respectively. Therefore, the feature vector dimen-
sion is 39.

As a reference front-end for comparison, we follow a feature
extraction procedure described in the literature [8]. This front-end
directly utilizes speech signals recorded over the public switched
telephone network (PSTN), and thus we will refer to it as the con-
ventional wireline front-end. Speech signals are preemphasized by
using a first order differentiator of
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. After that, a Ham-

ming window of length 30 ms is applied to each speech segment to
obtain a linear prediction polynomial by using the autocorrelation
method. The Levinson-Durbin recursion is applied to the autocor-
relation coefficients to extract the LPC coefficients of order ten.
Finally, the ten LPC coefficients are converted into the twelve cep-
stral coefficients, and then the bandpass cepstral lifter is applied
to the cepstral coefficients. The analysis is repeated once every 10
ms, which results in a frame rate of 100 Hz. A feature vector is 39-
dimensional including 12 LPC-cepstral coefficients postprocessed
with CMS, a normalized logarithmic energy, and their first and sec-
ond time differences. The first and the second differences are also
computed by five and three frame windows, respectively. A recog-
nition system can be constructed by using the decoded speech sig-
nals obtained from the IS-641 speech coder on the receiver side
of the IS-136 digital cellular system. The front-end in this system
will be the same as the wireline front-end described above, and it
will be referred to as the conventional wireless front-end.

3. FEATURE ENHANCEMENT

In this section, we propose a feature enhancement algorithm that
works in the receiver side of the wireless communications sys-
tem. The feature enhancement algorithm is realized by utilizing
the decoded speech and its enhanced speech, as shown in Fig. 1.
The spectral envelope parameters are enhanced in the LSP domain
by using the algorithm described in Section 3.1. Also, the coder-
specific parameters are also updated by one of two methods: a di-
rect assignment method and a reestimation method, which are ex-
plained in Section 3.2. Finally, we propose a SNR-based enhance-
ment method in Section 3.3 in order to avoid degrading the recog-
nition performance under high SNR conditions. In other words,
the proposed feature enhancement algorithm is selectively applied
to speech signals depending on the estimated SNR. To begin with,
we define notation used in describing the feature enhancement al-
gorithm.

3.1. Spectral Parameters

As shown in Fig. 1, we first define four � -dimensional LSP column
vectors at the � -th frame.
- ����� � : an LSP vector derived from the bitstream of the speech
coder.
- ��������� � : an LSP vector obtained from the decoded speech signal,
which is also distorted by both a background noise and quantiza-
tion error caused by the speech coder.
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Fig. 1. Block diagram of the proposed feature enhancement algo-
rithm realized at the decoder side of the speech coder.

- ����� ��� � : an LSP vector obtained from the enhanced speech sig-
nal1 at the decoder side of the speech coder. In other words, it is
an enhanced version of � �	����� � .
- !��" � � : an enhanced LSP vector after applying the proposed feature
enhancement algorithm.

The objective of the proposed feature enhancement algorithm
is to find an enhanced LSP vector, !� " � � , such that

#%$ � " � �'&(!� " � �*)�+ #%$ � " � �,&,�-��� �.) (1)

where the distance
#%$0/ & / ) is defined by

#%$*1 &02-)�3 $*1 � 2-)54 $*1 �2-) , and � " � � means an LSP vector obtained from the actual clean
speech signal. However, it is hard to find a closed form solution
satisfying the condition of (1). Thus, we propose a feature en-
hancement algorithm having the form of

!��" � � 36� ��� ��798 $ � �	����� � &0� ��� � ) 7;: $ � �����<� � &,� ������� � ) (2)

where 8 $ ��������� �,&,���(� �*) and : $ ����� ��� �'&,�-�	����� �*) are the compensa-
tion factors for the speech coding effect and background noise,
respectively. By introducing a gradient descent algorithm for the
compensation, the functions 8 $0/ & / ) and : $0/ & / ) can be represented
as

8 $ �-�	����� �=&,�-��� �.)>3 � �?�@�ACBEDCFCG H #%$ �-�	����� �=&,�-��� �*) (3)

: $ �-�����<� �I&,��������� �.)>3 � �? @ J�BKDCF(G H #%$ �-�����<� �'&,��������� �.) (4)

where B denotes a gradient operator, and @�A and @ J are smooth-
ing coefficients. The gradient of

#%$ ���	����� �,&,�-��� �.) with respect to� �(� � can be assumed to zero because the speech decoder can be
considered as a vector quantizer and this quantizer should sat-
isfy the necessary condition for local minima [10]. Therefore,L � ������� �*M L � ��� � 3ON , where N is a column vector whose elements
are all 1. This gives the following equation of

�-�	����� � 3P�-��� � 7RQ � (5)

1The speech enhancement algorithm used in this work is based on min-
imum mean-square error log-spectral amplitude estimation, and it has been
applied to some standard speech coders [9].



where Q	� is a constant vector for � �(� � . By substituting (5) into (4),
we obtain L #%$ ����� ��� �=&,�-�	����� �*)L ���(� � 3 �S? $ �-�����<� � � ��������� �.) (6)

where we also assume that � �����<� � is independent on � �(� � because
the speech enhancement algorithm applied to the decoded speech
sufficiently removes the noise component in the noisy speech. By
substituting (6) and (4) into (2), we obtain the following equation
of

!��" � � 36� �(� ��7 @ J $ � �����<� � � � ������� � ) � (7)

We have the following remarks on the smoothing coefficient
and the filter stability.
1) Determination of @ J : By substituting (5) into (7), (7) is rewrit-
ten by

!� " � ��3 $ �T� @ J )'����� � 7 @ J �-�����<� � � @ J Q � � (8)

From the sufficient condition for stability of the least mean-square
algorithm [11], we know that

�VU @ J UW? M t X $IY )K3 ? M ��& where
t X $0/ ) is the trace of a matrix and � is the dimension of �Z��� � . There-
fore, we set @[J\3 ? M � for the fastest convergence. In this work, �
= 10, and thus @ J is set to 0.2.
2) Filter Stability: We apply the stabilized procedure to the en-
hanced LSP vector, !� " � � , by simply checking the ordering property
of LSP [12]. If the enhanced LSP vector is decided as unstable,
we replace the vector with the original one. In other words, we set!� " � ��3]���(� � . By doing this, we can solve the stability problem of
the feature enhancement algorithm.

3.2. Coder-Specific Parameters

From now on, we explain how to enhance the coder-specific pa-
rameters such as the residual energy, the adaptive codebook gain
parameter, and the fixed codebook gain parameter.

3.2.1. Direct assignment

The additive noise also blurs the voicing information used in the
bitstream-based front-end. From the listening tests with noisy and
enhanced speech signals, we found that enhancing the noisy speech
signal improves the voicing information as well as the spectral in-
formation. Therefore, we can simply update the enhanced coder-
specific parameter vector as

!^ " � ��3 ^ �����<� � (9)

where !^ " � � and ^ �����<� � are the coder-specific parameter vectors cor-
responding to !� " � � and �-�����<� � , respectively.

3.2.2. Residual enhancement-based parameter reestimation

As shown in Fig. 2, let X $I_ ) and Xa` $I_ ) be the residual signal
and the enhanced residual signal, respectively. Then, the adaptive
codebook gain is reestimated as

: `b $*c )Z3
dfehg � �=i.j�k����lnm goj�k X ` $I_ �qp g ),X ` $I_ )d erg � �=isj k ���l�m gsj k X ` $I_ �tp g ),X ` $I_ �tp g ) &

c 3 � & /�/u/ &�v (10)
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Fig. 2. Procedure of reestimating the coder-specific parameters.

where wx" is the subframe size of 40 and
p g is the long-term pre-

dictor lag of the
c
-th subframe. Also, for

c 3 � & /n/�/ &5v , the reesti-
mated fixed codebook gain is given by

: `y $*c )z3
d{erg � �=isj k ���l�m gsj[k | $I_ ) $ X ` $I_ ) � :(`b $*c ),X ` $I_ �Vp g )5)d erg � �=i.j k �[�l�m goj k | $I_ ) | $I_ ) (11)

where | $I_ ) is the decoded fixed codebook signal given by | $I_ )Z3d~}g m���� g*� $I_ � � g ) , where � � g=� and ��� g,� are the signs and the pulse
positions decoded from the bitstream, respectively. From X�` $I_ ) ,:(`b $*c ) and :(`y $*c ) , we obtain the enhanced coder-specific parameters
as described in Section 2.

3.3. SNR-based Feature Enhancement

At high input SNR, the speech enhancement algorithm has a ten-
dency to degrade the speech quality. Sometimes, it causes spec-
tral distortion for the enhanced speech. Therefore, the feature en-
hancement procedure described so far should be carefully applied
according to the SNR of decoded speech. In other words, we only
apply (7) when the estimated SNR (ESNR) is less than SNR �*�u� .
Therefore, (7) is modified as

!� " � � 3 � ����� � 7 @ J $ �-�����<� � � �-�	����� �*)<& if ESNR
U

SNR �*�u�� ��� � & otherwise.
$ ��? )

Also, we only apply the techniques described in Section 3.2 when
ESNR

U
SNR �*�u� . The ESNR is obtained as follows: As shown

in Fig. 1, we let � ����� $ �=& _ ) and � ����� $ �'& _ ) be the
_

-th sample at
the � -th frame of a decoded speech signal before and after applying
the speech enhancement algorithm, respectively. The ESNR for a
sentence is estimated as

ESNR 3 ������� � m ���r��� � �
d j����l�m��%�������� $ �=& _ )d j����l�m�� $ � �	��� $ �=& _ ) � � ����� $ �=& _ )5) � (13)

where
�

is the total number of frames in the sentence and w is
the frame size. In this measure, we assume � ����� $ �=& _ ) be a clean
speech signal due to speech enhancement. We set SNR �*�u� = 40 dB
from preliminary experimental results. By doing this, the feature
enhancement is selectively applied to the noisy speech whose input
SNR is below 30 dB or more.

4. SPEECH RECOGNITION EXPERIMENTS

We evaluate the performance of the proposed feature enhance-
ment algorithm by using a connected digit recognition task, and
present the recognition performance of the spectral envelope pa-
rameter enhancement algorithm, the coder-specific parameter rees-
timation algorithm, and the SNR-based feature enhancement algo-
rithm. The HMM structure and subword models were the same as
in [13]. Each digit was modeled by a set of left-to-right continu-
ous density HMM’s. In this task, we used a total of 274 context-
dependent subword models, which were trained by maximum like-
lihood estimation. Subword models contained a head-body-tail



Table 1. Comparison of word accuracies (%) between the
bitstream-based front-end and the conventional wireline and wire-
less front-ends for connected digit strings

Front-end SNR (dB)
0 10 20 30 �

Wireline 26.1 71.4 90.3 95.9 96.2
Wireless 30.1 56.8 87.8 92.6 94.8
Bitstream 22.3 71.6 92.0 95.5 96.2

Table 2. Word accuracies (%) of the bitstream-based front-end
with each step of feature enhancement for connected digit strings
in noisy environments

Enhancement SNR (dB)
Method 0 10 20 30 �
Baseline 22.3 71.6 92.0 95.5 96.2
LSP 29.6 73.1 92.2 95.6 95.9
LSP+DA 32.5 81.3 93.6 95.7 96.0
LSP+RE 31.0 78.8 92.1 94.7 95.1
LSP+DA+SNR 32.5 81.3 93.6 95.7 96.2
LSP+RE+SNR 31.0 78.8 92.1 94.7 96.2

structure. The head and tail models were represented with three
states, and the body models were represented with four states.
Each state had eight Gaussian mixtures. Silence was modeled by a
single state with 32 Gaussian mixtures. As a result, the recognition
system had 274 subword HMM’s, 831 states, and 6,672 mixtures.
The training set and the test set consisted of 9,766 and 1,584 digit
strings, respectively, recorded over the PSTN. The length of all
digit strings for the testing was 14. The recognition experiments
were done with an unknown length grammar. The word recogni-
tion accuracy was computed by counting insertion, deletion, and
substitution errors.

Table 1 shows the recognition accuracies of the three front-
ends according to different SNR’s for the connected digit strings.
The bitstream-based front-end gives a comparable performance to
the wireline front-end and better performance than the wireless
front-end except at 0 dB SNR. At low SNR’s, the recognition per-
formance was degraded severely for all the front-ends. Table 2
shows the word accuracies of the bitstream-based front-end versus
different SNR’s. In the table, baseline means that we do not apply
the feature enhancement algorithm, and thus the results are equal
to the bottom row of Table 1. We first applied the spectral pa-
rameter enhancement of (7) to the noisy speech (denoted as LSP).
However, the improvement of word accuracy is not much except at
0 dB SNR, and also the word accuracy under the clean condition
is reduced. Next, we added the coder-specific parameter enhance-
ment algorithm to the spectral parameter enhancement. Compared
with the direct assignment (denoted as DA) method and the reesti-
mation method (denoted as RE) method, the DA method is better
than the RE method for connected digit string recognition. Except
for clean speech, the feature enhancement algorithm reduces the
word error rates by around 20% and 30% at 20 dB SNR and 10
dB SNR, respectively 2. Finally, the SNR-based feature enhance-

2A significance test showed that the improvement of the feature en-
hancement algorithm over the baseline was statistically significant.

ment method (denoted as LSP+DA+SNR) restores the recognition
performance to the baseline accuracy under the clean condition.

5. CONCLUSIONS

We have proposed a feature enhancement algorithm for wireless
speech recognition in adverse environments. The feature enhance-
ment algorithm was realized by combining a conventional speech
enhancement technique in the receiver side of the wireless commu-
nications system. In other words, it utilized the feature parameters
obtained from the decoded speech and an enhanced version. More-
over, the coder-specific parameters such as the residual energy, the
fixed codebook gain parameter, and the adaptive codebook gain
parameter could be reestimated by applying the speech enhance-
ment algorithm to the decoded residual signal. Additionally, the al-
gorithm was selectively applied depending on the estimated SNR.
We performed connected digit HMM recognition experiments to
show the effectiveness of the proposed feature enhancement al-
gorithm. By incorporating the proposed feature enhancement al-
gorithm into the bitstream-based front-end, we could obtain the
improved recognition performance in noisy environments without
hurting the performance in clean environment.
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