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Abstract 

The ITU-T G.711.1 embedded wideband speech codec was 

approved by ITU-T in March 2008. This codec generates a 

bitstream comprised of three layers: a G.711 compatible core 

layer with noise shaping, a lower band enhancement layer and 

an MDCT-based higher band enhancement layer. It contains 

also an optional post-processing module called Appendix I 

designed to improve quality of the decoded speech in case of 

interoperability condition with legacy G.711 encoder. The 

improvement is achieved by a novel low complexity PCM 

quantization noise reduction technique described in this 

article. Subjective test results show that the quality of the 

interoperability mode with the legacy G.711 codec is 

significantly better when the Appendix I is activated. 

 

Index Terms: speech coding, noise reduction, speech 

enhancement, coding noise, standardization, G.711, G.711.1 

1. Introduction 

ITU-T SG16 launched the standardization of G.711 wideband 

(G.711WB) codec in January 2007, which is the 64-80-

96 kbps low-delay/low-complexity embedded extension of 

ITU-T G.711 (log-compressed PCM) [1]. The goal was to 

achieve high quality wideband speech services over 

broadband networks, particularly for IP phone and multi-

point speech conferencing, while enabling a seamless 

interoperability with widely deployed conventional 

narrowband terminals and systems equipped only with G.711. 

The Terms of Reference (ToR) and the time schedule of 

G.711WB were finalized in March 2007. The resulted 

standard called G.711.1 [2] was approved in March 2008 and 

is an outcome of a collaboration between ETRI, Huawei 

Technologies, N.T.T., VoiceAge, and France Telecom. 

The G.711.1 codec consists of three layers: a core layer at 

64 kbps which is bitstream interoperable with the legacy 

G.711 codec and two 16 kbps enhancement layers [3]. The 

lower-band enhancement layer reduces the quantization noise 

of the G.711 while the higher-band enhancement layer 

extends the bandwidth to wideband.  

The legacy G.711 codec suffers from an easily audible 

white quantization noise which properties are well-known. 

Though the core layer of G.711.1 is fully compatible with the 

legacy G.711 codec, it offers better quality even when 

decoded with a legacy G.711 decoder thanks to the 

quantization noise shaping facility implemented at the 

G.711.1 core encoder. However when a G.711.1 decoder 

decodes a simple legacy G.711 bitstream, the quantization 

noise is not shaped and can be heard that yields to lower 

quality. The novel PCM quantization noise reduction of 

G.711.1 Appendix I described in this article was designed to 

improve this situation. 

This article describes the quantization noise post-

processing module of the G.711.1 appendix I. This optional 

post-filter has been designed to reduce the quantization noise 

in the lower band of the decoded signal and to enhance the 

quality for end-user terminals when communicating with 

legacy G.711 encoder. The paper is organized as follows. 

Section 2 focuses on the properties of the quantization law of 

the G.711 (A-law case) and its quantization noise. Section 3 

describes the proposed method to estimate the coding noise 

and to process the post-filter designed to reduce the 

quantization noise after decoding. The behavior of the 

algorithm is illustrated and subjective tests results are 

summarized and discussed in Section 4. Finally this paper is 

concluded in Section 5. 

2. Background on G.711 properties 

In the following of the paper we assume that the desired 

signal ( )ns  has been digitized with a 16-bit uniform 

quantizer, encoded with a G.711 encoder, transmitted and 

decoded in ( )x n , where n  is the time index. In the classical 

additive noise model, the signal corrupted by the coding noise  

( )nq  is given by ( ) ( ) ( )nqnsnx += . The notation 2

u
σ  states 

for the variance of u , where { }, ,u s x q∈ . The signal to 

quantization noise ratio (SNR) is then defined by: 
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The time index n is omitted in the following of the article for 

reason of clarity. 

2.1. Pulse Code Modulation (PCM) 

The representation of one-dimensional signals uses basically a 

uniform quantizer [4]. As a consequence, ignoring overload 

of capacity, the SNR depends on the variance 2

s
σ  of the 

signal, on the saturation levels 
satx± , and obviously on the bit 

number b of the quantizer used to represent the samples, 

according to the following equation: 
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This expression is highly dependent of the load factor 

ssatx σ=Γ , that represents how the signal uses the dynamic 

of the quantizer. The higher SNR is obtained with full scaled 

signals and it decreases quickly if the variance of the signal 

decreases. This is a drawback for speech signals where the 

samples density tends to a Laplacian probability density 

function. The drawbacks of the uniform quantizer led to 
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develop a quantization law which SNR were independent of 

the variance of the signal, like A and µ-law (standardized as 

G.711). In the next sub-sections and in section 3, only A-law 

case is considered, but the analysis and the proposed 

processing is transposable to µ-law quantizer. 

2.2. A-law Pulse Code Modulation (G.711) 

A-law used in Europe is defined by (3), where x  is the 

quantized sample and 56.87=A  so that ( ) 16ln1 =+ AA : 

 ( )
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The quantization of magnitudes with A-law is represented 

in Fig. 1. The bold line corresponds to the uniform expression 

of the quantizer ( 011.01 ≈< −Axx
sat

) whereas the thin one 

concerns the logarithmic expression ( 1−≥ Axx
sat

). 
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Fig. 1: Quantization of magnitudes with A-law.  

2.3. Quantization noise of G.711 (A-law example) 

Knowing the quantization law described above, the behavior 

of the signal to noise ratio versus the load factor can be 

derived. 

• For small signals (uniform part of the quantizer), A-law 

works out a SNR ( )10log 1 lnA A +   higher (in dB) 

than the classical uniform quantizer on the same number 

of bits. The expression of the SNR is given by: 
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• For large signals (logarithmic part of the quantizer), the 

SNR is constant: 
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Fig. 2 represents the SNR variation versus the load factor 

for the A-law (8 bits). It emphasizes the 2 parts of the law: 

• The left growing segment corresponds to the uniform 

quantization part. As a consequence, the variance of the 

coding noise is the same for each step of quantization. 

Therefore, the lower the variance of the signal is, the 

lower the SNR is. 

• The right constant segment corresponds to the 

logarithmic part of the law. As a result, the SNR equals a 

constant so the variance of the coding noise is always 

38.16 dB lower than the the signal one. 

• The threshold of transition dB81.262 =Γ
th

 is the solution 

of the equation 
log

SNRSNR
unif
= . One can notice that it 

does not depend on the number of bits of the law. 
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Fig. 2: A-law SNR for b = 8 bits. 

In addition, the G.711 quantization noise is well-known in 

its intensity and in its spectral shape (it is perfectly white), so 

it is completely defined by its variance. 

3. Quantization noise post-processing 

This section describes the post-filtering used with the 8-bit A-

law codec example as the algorithm also copes with the µ-

law.  

In the following, the notation "^" stands for estimate 

values (e.g. 2ˆ
s

σ  is the estimate of 2

s
σ ). According to the Fig. 

2, if an accurate estimate of the original signal variance 2

s
σ  is 

available from the decoded signal, then an accurate estimate 

of the load factor Γ  can be obtained and the SNR can be 

derived.  

3.1. Variance of the quantization noise 

In order to obtain an estimation of the load factor, a fair 

estimate of the variance of the original signal ( )s n  is needed. 

Nevertheless, the variance of the quantization noise ( )q n  in 

the case of G.711 is most part of the time very low compared 

to the original signal one (excepted for low levels). 

Consequently, the variance of the original signal may be 

reached by estimating the variance of the decoded signal 

( )x n  and 2 2ˆ ˆ
s x

σ σ≈ . 

The variance of the decoded signal can be estimated in the 

time domain on 5 ms frames, corresponding to the frame-

length L  of the codec G.711.1 [3], using the equation given 

below (supposing zero mean signal): 

 
L-1

2 2

0

1
ˆ
s

i

x i
L

σ
=

=   ∑  (6) 

As a consequence, since the levels of saturation are well 

defined (typically the dynamic range is , 1,1
sat sat
x x− = −       ), 

the load factor Γ  can be derived as below: 

 
2

2

1ˆ
ˆ
s

σ
Γ =  (7) 

So, referring to Fig. 2 (and in practice to (4) and (5)), in 

order to determine if the signal has been coded on the uniform 

part of the quantizer or on its logarithmic part, a comparison 
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of 2Γ̂  with 2

th
Γ  can be done to work out the variance of the 

quantization noise using the right expression of the SNR. 

With the approximation 2 2ˆ ˆ
s x

σ σ≈ , the variance of the 

quantization noise can be derived as below: 

• If 2 2ˆ
th

Γ > Γ , then 
unif

SNR SNR=  (uniform part of the 

quantizer), 
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2

1 ln
ˆ

3 2
q b

A

A
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+
=

⋅ ⋅
 (8) 

This expression tends to be wrong when the variance of the 

coding noise is no more negligible behind the variance of the 

desired signal, because of the approximation done to build the 

model. This case occurs for the highest load factor (or the 

lowest frame energy) where the SNR becomes low. It is 

necessary to add some logic to limit the range of the 

processing. For example, the quantization noise variance can 

be forced to be at least 15 dB less than the signal variance, for 

a load factor higher than 50 dB. 

• If 2 2ˆ
th

Γ ≤ Γ , then 
log

SNR SNR=  (logarithmic part of the 

quantizer), 
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3.2. Post-filtering 

The previous step aims to estimate the variance of the 

quantization noise. As this noise is perfectly described by its 

variance (the spectral shape is white for legacy G.711), it is 

therefore possible to estimate the SNR in each frequency bin 

and consequently, to design a filter to reduce the quantization 

noise by a short term spectral attenuation technique. 

Let ( ),
k

S p ω , ( ),
k

X p ω  and ( ),
k

Q p ω  designate the 
k
ω  

spectral component of short-time frame p  of the original 

speech ( )s n , the decoded speech ( )x n  and the quantization 

noise ( )q n . This frequency representation is obtained by 

using a short-time Discrete Fourier Transform (DFT) applied 

to decoded frame signal. The quasi-stationary of speech is 

assumed over the duration of the frame analysis. The post-

filter is defined as a spectral gain ( ),
k

G p ω  that should be 

applied to each short-time spectral value ( ),
k

X p ω . 

Knowing the equivalence between energy in time and 

frequency domain, the power of the quantization noise in a 

bin frequency is given by: 

 ( ) 2ˆ,
k q

Q p ω σ=  (10) 

In the application described here, the filter computation is 

obtained by a "two-step" procedure for estimating a Wiener 

filter [5]. In practice, the spectral gain requires the evaluation 

of the a posteriori SNR and the a priori SNR by using 

( ),
k

S p ω , ( ),
k

X p ω  and the estimation ( ),
k

Q p ω  as given 

by the two following equations: 

 ( )
( )

( ){ }
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2

,
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,

k
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k
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ω
ω

ω
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These estimators are obtained by the well-known 

decision-directed approach [5]. The spectral gain ( ),
k

G p ω  is 

obtained by combining 
post

SNR  and 
prio

SNR  (see [6] for 

further details). Since ( ),
k

G p ω  is real (as the phase 

information is not processed), a causal filter is obtained by 

imposing a linear phase. The filter is then passed back to time 

domain by using inverse DFT to control it smoothness. In 

practice the filter is truncated to 64 taps by applying a 

Hanning window. 

Finally, the PCM decoded signal ( )x n  is filtered by the 

noise reduction filter computed above with the overlap and 

save method (OLS) to achieve a signal with reduced coding 

noise ( )ŝ n .  

3.3. Limitation of distortions 

The post-processing is designed to decrease the quantization 

noise of G.711 without modifying the nature of the signal. 

However, in case of some noisy speech samples a slight 

coloration of the background noise was observed in the zones 

without speech activity. To further decrease the perceptual 

difference between the original signal and the post-processed 

coded signal a special distortion limitation technique was 

implemented. 

In G.711 PCM coding, for each coded sample both the 

quantization interval and so the maximum quantization noise 

are known. The mentioned limitation ensures that the 

maximum distortion introduced by the post-processing with 

respect to the decoded sample is not higher than the maximum 

coding noise corresponding to that sample. In other words the 

post-processed sample must stay in the same quantization 

interval as the original sample. 

The post-processing can be seamlessly switched on or off 

(with this limitation) at any time without any annoying effect, 

the continuity between these two modes is assured. Listening 

tests have shown the relevance and the efficiency of this 

combination. 

3.4. Complexity 

 The Table 1 gives the observed worst case Weighted Million 

Operation Per Second (WMOPS) complexity measure for 

different operation of the G.711.1 core layer with narrow 

band input and output. In error free conditions, the activation 

of the post-filtering of the Appendix I increases the 

complexity by about 2 WMOPS. When lost frames are 

detected the complexity of the packet loss concealment 

module of the G.711.1 codec is also taken into account. In 

this case the complexity increase caused by the Appendix I is 

only about 0.7 WMOPS as the post-filtering is switched off 

during erased frames. 
 

 without lost frames with lost frames 

encoder decoder 
decoder

+PF 
decoder 

decoder

+PF 

1.1 0.65 2.65 2.4 3.1 

Tab. 4: Observed worst case WMOPS complexity 

values for different operations of G.711.1 core layer. 
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4. Experimental results 

4.1. Illustration of the behavior 

Fig. 3 shows the spectrum of a low level (-36 dB OVL) 

voiced clean speech. This configuration corresponds to 

adverse SNR case with widely audible coding noise. The 

interoperability condition is considered (original coded with 

G.711 and decoded with G.711.1).  
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Fig. 3: Spectrum of a voiced period of a clean speech 

normalized with a low level (-36 dB OVL) 

The gray line is the amplitude of the G.711.1 decoded 

signal and the black line is the one obtained at the output of 

the post-filter such as defined above (and by appendix I [2]). 

It can be noticed that the proposed post-filtering reduces the 

coding noise around 6 dB on average in low SNR frequency 

bands without impact on spectral peaks and the spectrum of 

original signal (dotted line) is better matched  

This behavior yields a noticeable speech enhancement 

during speech periods. In the case of original noisy speech, 

this behavior is maintained by the limitation of distortions 

mentioned above which ensures a speech enhancement and 

robustness in all cases. This analysis is corroborated by the 

subjective tests presented below. 

4.2. Subjective tests 

During the characterization phase step 2 of the ITU-T G.711.1 

the Appendix I is intensively tested in various conditions: 

clean speech (error free and 3% random or burst frame 

erasure), music, speech with background noises (background 

music, office noise, babble noise and interfering talker). We 

present here more in details an extract of the results obtained 

at the France Telecom Laboratory for clean speech. The 

Absolute Category Rating (ACR) test was used which 

configuration is detailed as follows (see also Fig. 4): 

• 32 naïve listeners, 6 talkers (3 females and 3 males). 

• -36, -26 and -16 dB OVL normalized. 

• Codec configuration (notation: encoder / decoder): 

• G.711 / G.711 

• G.711.1 / G.711.1 

• G.711.1 / G.711.1 + PF (i.e. with appendix I) 

• Codec configuration in interoperability mode: 

• G.711 / G.711.1 

• G.711 / G.711.1 + PF 
 

Results are drawn in Fig. 4. In the case of interoperability 

mode (see left part of Fig. 4) the use of thepost-filter is 

preferred to G.711.1 with an amount greater than 0.27 MOS 

(0.36 in the A-law case). Note that this configuration 

corresponds to the hypothesis of the previous analysis 

(possibility to estimate the SNR and white coding noise). 

In case of signals encoded with G.711.1 the hypothesis of 

white coding noise is not valid due to noise shaping applied at 

the encoder. However, without extra information on the noise 

spectral shape and the origin of the bitstream, the post-

processing works as if the noise were white. Yet, the post-

filter associated to the control of distortions is robust to 

limited deviations from the white noise assumption. 
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Fig. 4: Results of subjective tests. 

This behavior is confirmed by subjective results. Fig. 4 

also contains the performance obtained for signals encoded 

with G.711.1 (right part of Fig4). In all cases, G.711.1 is 

preferred in comparison with legacy G.711 (+0.72 MOS on 

average in all presented conditions). In addition, activating 

appendix I, the subjective performance of G.711.1 is further 

improved by 0.34 MOS, leading to a total improvement of 

1.06 MOS with respect to legacy G.711. 

Similar improvements were found in all other tested 

conditions except for the office background noise condition 

and for music samples where no significant difference was 

detected.  

5. Discussions and conclusion 

In this paper, we proposed an original technique to enhance a 

decoded signal by combining coding a priori knowledge and 

speech enhancement rules. The technique described here has 

been designed in order to improve the quality in the 

interoperability mode of the G.711.1 (original coded with 

G.711 and decoded with G.711.1) and has been standardized 

as an optional module of the G.711.1. Subjective tests results 

detailed above in this article not only confirm that appendix I 

provides a significant improvement of the interoperability 

mode, but also illustrate that it enhances the G.711.1 core 

layer when activated.  
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