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Abstract 

In this paper, we propose a new wideband speech coder which 
combines the European standard of a narrowband speech 
coder, i.e., GSM-EFR, and a transform coder using the  
discrete wavelet transform. Input speech is first split into two 
bands with equal bandwidth. A subband coder with wavelet 
transformed speech is designed for a upper band coder, and a 
GSM-EFR coder is adopted as a lower band coder. The total 
bit rate of the proposed coder is 18.9 kbps, and informal 
listening test results have shown that the proposed coder has 
comparable speech quality to that of G.722 with 56 kbps. 

1. Introduction 

Wideband speech, characterized by a bandwidth of 50~7000 
Hz, sounds much more natural and intelligible, and is less 
tiring to listen to when compared to narrowband speech 
characterized by a telephone bandwidth of 300~3400 Hz. In 
1986, ITU-T standardized the G.722, a subband-ADPCM 
wideband coder at 64, 56, and 48 kbps. In spite of its good 
quality, however, G.722 has not been used as widely as the 
narrowband speech coders because of its higher bit rate. 
Recent researches on wideband speech coding have mainly 
focused on the reduction transmission bit rate. [1, 2, 3] 

   We proposed, in this paper, a new wideband speech coder 
which combines the GSM-EFR and a transform coder using 
discrete wavelet transform. Input speech is first split into two 
bands with equal bandwidth. The GSM-EFR with 12.2 kbps 
was embedded as a lower band coder, and a subband coder 
with 6.7 kbps was designed as a upper band coder using 
wavelet transform and vector quantization. The proposed 
coder has total transmission bit rate of 18.9 kbps, and has 
shown comparable speech quality to that of G.722 with 56 
kbps. 

 

2. Wideband speech coder with split-band 

Figure 1 shows a block diagram of a wideband speech coder 
with split-band structure. The input speech, sampled at 16 kHz, 
is split into two bands, i.e., lower band and upper band. Two 
sets of QMF are used to divide the wideband speech into two 
subband signals and to reconstruct a wideband signal from 
them. The QMF ensures that aliasing effects resulting from the 
downsampling of input signal at the decomposition process are 
canceled at the reconstruction process. We used 24 tap QMF 
[4, 5] that has more than 60 dB attenuation at the stop band to 
reduce the effect of noise generated in the quantization process 
of subband signals. The lowpass filtered speech with 0~4 kHz 
bandwidth is downsampled to 8 kHz sampling rate and 

encoded with GSM-EFR speech coder. The highpass filtered 
speech with 4~8 kHz bandwidth is also downsampled to 8 kHz, 
and is encoded with a subband coder using the discrete 
wavelet transform. 
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Figure 1 : Speech  coder with split-band structure 

2.1. Lower band coder 

The GSM-EFR coder is used as a lower band coder. It is 
based on the ACELP model, and was adopted as the standard 
codec of European GSM mobile system. The analysis frame 
size is 20 msec, which is divided into four 5 msec subframes. 
The parameters of the ACELP speech synthesis model are 
extracted on the frame basis and encoded using the vector 
quantization. These parameters include the linear prediction 
filter coefficients (twice per 20 msec frame), the adaptive 
codebook delay and gain, and the fixed codebook index and 
gain (every 5 msec subframe). The speech coding (source 
coding) bit rate is 12.2 kbps. Detailed description of the 
GSM-EFR is given in [6, 7]. 

2.2. Upper band coder 

A subband coder using the wavelet transform was designed for 
the upper band coder, and its block diagram is shown in 
Figure 2. The upper band speech signal obtained from QMF 
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highpass filtering and downsampling is wavelet transformed 
into second level on the 20 msec frame basis with frame rate 
of 10 msec. Then four sets of subband signals, i.e., wavelet 
transformed speech having the length of 40 samples each are 
obtained to be vector quantized. Hereafter we denote the four 
subbands as LL, LH, HL, HH, respectively. Figure 3 shows 
the biorthogonal wavelet and scaling functions[8] used for the 
wavelet analysis and synthesis.  
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Figure 2 : Structure of the proposed upper band coder 

 

 

(a) analysis scaling func.      (b) analysis wavelet func. 

 

(c) synthesis scaling func.     (d) synthesis wavelet func. 

Figure 3 : Biorthogonal wavelet and scaling functions 

After wavelet transformation, wavelet coefficients in each 
subband are normalized to have the value between –1 to 1. 
Then wavelet coefficients and a gain factor are quantized 
independently. The parameter sets of the upper band coder 

include a codebook index of each subband, and a gain factor 
of each subband.  

2.2.1. Codebook Search Process 

For the normalized wavelet coefficients in each subband, the 
codebook was generated using LBG[9] splitting vector 
quantization algorithm by restricting the distortion decreasing 
ratio of 0.01% in each iteration as a threshold. We used about 
80,000 frames of anchor’s broadcasting news data, sampled at 
16 kHz, for training the codebook. Considering the average 
distortion for training data depending on the codebook size, 
we set the codebook sizes of LL, LH, HL, and HH bands to 
1024, 1024, 1024, and 512, respectively. Figure 4 shows the 
average distortion obtained from the training data depending 
on the codebook size. 
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Figure 4 : Average distortion depending on the 
codebook size  

In the codebook search process, we designed a new method 
named as “region selective search” to reduce the computation 
burden. In this method, a codeword that is made up of 40 
normalized wavelet coefficients is divided into 4 subvectors, 
and then depending on the power in each subvector all the 
codewords in the codebook are rearranged and grouped into 4 
regions as shown in Figure 5. Then using the value of sp_n, 
the subvector power, we can reduce the search region in the 
codebook. The “region selective search” method is 
summarized as follows:  

 
i) Input codeword, i.e., a cod evector, is divided into 4 
subvectors with equal length of 10 samples, then sp_n, a 
subvector power is calculated using equation (1)  
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where cv(i) represents a codeword. 

 

ii) The search region is determined as Rn, 41 ≤≤ n , 
where sp_n has the largest value in each codeword. For 
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example, if sp_3 has the largest value in a codeword, then 
R3 is selected as the search region in the codebook. 

R1 :  max(sp_n)  = sp_1

R4 :  max(sp_n)  = sp_4

R3 :  max(sp_n)  = sp_3

R2 :  max(sp_n)  = sp_2

 

Figure 5 : Rearranged codebook according to the 
subvector power 

2.2.2. Gain Quantization Process 

Gain factors of the normalized wavelet coefficients were 
quantized by two ways. In the codebook training process, all 
the gain factors in the LL band have shown large dynamic 
range and non-uniformly distributed characteristics. So the 
gain factor in the LL band was quantized with 10 bits with 
table look-up method. On the other hand, gain factors in the 
LH, HL, and HH bands were not quantized directly. Gain 
factors in these three subbands were converted into the ratio 
value to LL subband gain. The following equations (2)~(4) 
represent the ratio value of a gain factor in each subband to 
that of LL band.  
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Since the dynamic range of the gain ratio was not very 

large compared to that of the LL band, we assigned 6 bits for 
gain ratio quantization in each subband. Thus total bit rate of 
the upper coder is 6.7 kbps. Table 1 shows the bit allocation 
of the proposed upper band coder. 

Table 1 : Bit allocation of the upper band coder 

Parameter LL LH HL HH 
Total per 

frame 

index 10 10 10 9 

gain 10 6 6 6 
67 bits 

 

3. Experimental Results 

In order to compare the performance of the proposed coder, 
we chose the G.722 with 56 kbps coder as reference. Then we 
performed some informal listening tests and waveform and 

spectrum comparison. The listening tests were performed as 
follows. Synthetic speeches using both the proposed 18.9 
kbps coder and G.722 with 56 kbps were generated, and given 
to the listeners with the headphone set. The listeners were 
asked to grade the speech quality according to the ITU-R 7 
point comparative scale, as shown in Table 2. Listening 
material is made up of 5 sentences in Korean and English 
language spoken by 3 male and 2 female speakers. 

We also did the MOS test for the same listening materials. 
The subjective listening test results are shown in Figure 6 and 
Table 3. It can be seen from Figure 6 and Table 3 that the 
synthetic speech quality of the proposed 18.9 kbps coder is 
very comparable to that of the G.722 coder with 56 kbps. 
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Figure 6 : Results of listening tests comparing the 
proposed and G.722 speech coders 

Table 2 : ITU-R 7 point comparative scale for grading 

Observations Grading 

A much better than B 3 
A better than B 2 
A slightly better than B 1 
A same as B 0 
A slightly worse than B -1 
A worse than B -2 

A much worse than B -3 

 

Table 3 : Results of MOS tests 

Coder S1. S2. S3. S4. S5. Mean 

G.722 4.78 4.67 4.78 4.67 4.67 4.71 

Proposed 4.78 4.56 4.89 4.56 4.67 4.69 

 
The reconstructed speech waveform and spectrum were 

also examined especially at the transition regions from voiced 
to unvoiced speech. Figure 7 ~ 10 depict the waveform and 
spectrum of the original speech and reconstructed speech 
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signals with the proposed coder. Since we adopted a hybrid 
type, GSM-EFR, as a lower band coder, the waveform of the 
reconstructed speech does not match exactly to the original 
one. However, it is shown that the proposed coder represents 
the frequency characteristics of the original signal  well. 
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Figure 7 : Waveform of the original speech 
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Figure 8 : Waveform of the reconstructed speech 
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Figure 9 : Spectrum of the original speech 
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Figure 10 : Spectrum of the reconstructed speech 
 
 

4. Conclusion 

We have proposed a new wideband speech coder which 
combines the GSM-EFR as a lower band speech coder and a 
transform coder using discrete wavelet transform as a upper 
band coder. The proposed coder has the transmission bit rate 
of 18.9 kbps, and has shown very comparable speech quality 
to G.722 coder with 56 kbps. Future work will focus on the 
effective subband codebook training method and quantization 
of parameters to reduce the bit rate more.   
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