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ITU-T  RECOMMENDATION  G.711 
 

PULSE CODE MODULATION (PCM) OF VOICE FREQUENCIES 

APPENDIX II 

A comfort noise payload definition for ITU-T G.711 use in packet-based  
multimedia communication systems 

 

 

Summary 
This appendix defines a comfort noise payload format (or bit-stream) for ITU-T G.711 use in packet-
based multimedia communication systems. 

The use of the payload format is intended for packet-based systems with a large header overhead 
where the packet transmission rate plays a significant role in the overall system bit-rate. In this 
situation, the use of VAD/DTX/CNG can significantly reduce the packet transmission rate and hence 
improve the bandwidth efficiency. 

 

 

Source 
Appendix II to ITU-T Recommendation G.711 was prepared by ITU-T Study Group 16 (1997-2000) 
and was approved under the WTSC Resolution No. 1 procedure on 28 February 2000. 
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Recommendation G.711 

PULSE CODE MODULATION (PCM) OF VOICE FREQUENCIES 

APPENDIX II 

A comfort noise payload definition for ITU-T G.711 use in packet-based  
multimedia communication systems 

(Geneva, 2000) 

II.1 Scope 
This appendix defines a comfort noise payload format (or bit-stream) for ITU-T G.711 use in packet-
based multimedia communication systems. The payload format is generic and may also be used with 
other speech codecs without built-in Discontinuous Transmission (DTX) capability such as ITU-T 
Recommendations G.726 [1], G.727 [2], G.728 [3], and G.722 [4]. The payload format provides a 
minimum interoperability specification for communication of comfort noise parameters. The comfort 
noise analysis and synthesis as well as the Voice Activity Detection (VAD) and DTX algorithms are 
unspecified and left implementation-specific. However, an example solution has been tested and is 
described. It uses the VAD and DTX of G.729 Annex B [5] and a comfort noise generation 
algorithm (CNG) which is provided for information. 

The use of the payload format is intended for packet-based systems with a large header overhead 
where the packet transmission rate plays a significant role in the overall system bit-rate. In this 
situation, the use of VAD/DTX/CNG can significantly reduce the packet transmission rate and hence 
improve the bandwidth efficiency.  

II.2 Comfort noise payload definition 
The comfort noise payload consists of a description of the noise level and spectral information in the 
form of reflection coefficients. The use of spectral information is optional and the all-pole model 
order is left unspecified. The encoder can determine the appropriate model order based on such 
considerations as quality, complexity, expected environmental noise and signal bandwidth. The 
model order is not explicitly transmitted since it can be derived from the length of the payload at the 
receiver. For complexity or other reasons, the decoder may reduce the model order by setting higher 
order reflection coefficients to zero. 

II.2.1 Noise level 
The noise level is expressed in –dBov, with values from 0 to 127 representing 0 to –127 dBov. dBov 
is the level relative to the overload of the system. The noise level is packed with the Most Significant 
Bit (MSB) first with the unused bit always set to 0 according to Figure II.1. 
 

0 1 2 3 4 5 6 7 
0 Level 
 MSB 

Figure II.1/G.711 – Noise level bit packing 
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II.2.2 Reflection coefficients 
The spectral information is transmitted using reflection coefficients [6]. From the polynomial: 
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where i goes from M , to 1−M , down to 1 with the initial condition: 
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Note that the above formulation results in the solution to k1 given by: 

  
0
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where ri is the ith autocorrelation coefficient of the input signal. 

Each reflection coefficient can have values between −1 and 1 and is quantized uniformly using 
8 bits. The quantized value is represented by the 8 bit index N, where N = 0, ... , 254, and index 
N = 255 is reserved for future use. Each index N is packed into a separate byte with the MSB first. 
The quantized value of each reflection coefficient can be obtained from its corresponding index 
using: 

  ( ) ( ) ( ) 1ˆ1;254, ...,0for 127
32768

258ˆ <<−=−⋅= iiiiii NkNNNk  

II.2.3 Payload packing 
The first byte of the payload must contain the noise level as shown in Figure II.1. Quantized 
reflection coefficients are packed in subsequent bytes in ascending order as in Figure II.2 where M is 
the model order. 
 

Byte 1 2 3 ... M+1 
 Level N1 N2 ... NM 

Figure II.2/G.711 – CN payload packing format 

The total length of the payload is M + 1 bytes. Note that a 0th order model (i.e. no spectral envelope 
information) reduces to transmitting only the energy level. 

II.3 Guidelines for use 
A block diagram of a speech communication system with VAD/DTX/CNG capabilities is shown in 
Figure II.3. The job of the VAD is to discriminate between active and inactive voice segments in the 
input signal. During inactive voice segments, the role of the CNG is to sufficiently describe the 
ambient noise while minimising the transmission rate. A Silence Insertion Descriptor (SID) frame 
containing a description of the noise is packed into the CN payload and sent to the receiver. The 
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DTX algorithm determines when a SID frame is transmitted. The SID frame may be sent 
periodically or only when there is a significant change in the background noise characteristics. The 
CNG algorithm at the receiver uses the information in the SID to update its noise generation model 
and then produce an appropriate amount of comfort noise. 

T1609320-00

Speech
Decoder

Speech
Encoder

CNG
Encoder

DTX
Algorithm

VAD
Algorithm

Input

Output

CN payload
No Tx

Speech Payload

Communication
Channel

CNG
Decoder

Encoder Decoder  

Figure II.3/G.711 – Speech communication system with DTX 

II.3.1 Factors affecting system performance 
The purpose of the VAD/DTX/CNG components is to reduce the transmission rate during inactive 
speech periods while maintaining an acceptable level of output quality. Both the quality and 
efficiency are affected by the performance of each of the components. Care must be taken to jointly 
consider the characteristics of the VAD, DTX, and CNG algorithms. Otherwise the resulting system 
may achieve poor performance. 

II.3.1.1 VAD 
The role of the VAD algorithm is to classify the input signal into active speech and inactive speech 
or background noise. Misclassifying inactive speech as active speech has an adverse affect on system 
efficiency by unnecessarily increasing the transmission rate. In this case, the speech quality is 
unaffected. However, when active speech is misclassified as inactive, the speech signal is clipped 
and the speech quality degrades. Most DTX algorithms employ a hangover period when 
transitioning from active to inactive speech in order to avoid clipping the tail end of speech. During 
the hangover period, inactive speech frames are reclassified as active speech. The hangover period is 
also important in order for the CNG encoder to obtain an accurate estimate of the ambient noise. 

II.3.1.2 DTX 
The DTX algorithm determines the frequency of SID frame transmission during periods of inactive 
speech. Simple DTX schemes update periodically (e.g. 5 Hz to 30 Hz). More complex DTX 
algorithms analyse the input signal and transmit only when a significant change in ambient noise 
character is detected [5]. 

II.3.1.3 CNG 
The role of the CNG is to describe and reproduce the ambient noise. The noise may be adequately 
described by its energy and spectral content. In order to avoid abrupt changes in comfort noise 
character, it is important to average the parameter estimation over a period of time. The appropriate 
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amount of averaging is dependent on the ambient noise, the performance and hangover of the VAD, 
as well as the update rate of the DTX.  

The model order used is a factor in the accuracy of the spectral estimation. The optimal order is 
dependent upon the ambient noise present and the signal bandwidth. It is also important to match the 
spectral character of the noise produced by the CNG with that of the speech codec. Accordingly, it is 
suggested that any pre-processing of the input signal before analysis within the speech encoder also 
be done within the comfort noise encoder. 

II.3.2 Illustration of bandwidth savings in packet-based network applications 
Table II.1 illustrates how the use of discontinuous transmission in a packet-based communication 
system can significantly reduce the transmission rate and hence improve the bandwidth efficiency. 
The example assumes a 40-byte packet overhead, 60% speech activity, and a DTX update rate 
of 10 Hz. 

Table II.1/G.711 – Bandwidth Savings 

1 byte CN payload 11 byte CN payload 
Codec Bit rate 

(bit/s) 

Packet 
size 
(ms) 

IP bit rate 
(bit/s) IP bit rate 

(Ave. bit/s) 
Savings 

(%) 
IP bit rate 
(Ave. bit/s) 

Savings 
(%) 

G.711 64 000  5 ms  128 000 78 112 39.0 78 432 38.7 
G.711 64 000  10 ms  96 000 58 912 38.6 59 232 38.3 
G.711 64 000  20 ms  80 000 49 312 38.4 49 632 38.0 
G.726 32 000  5 ms  96 000 58 912 38.6 59 232 38.3 
G.726 32 000  10 ms  64 000 39 712 38.0 40 032 37.5 
G.726 32 000  20 ms  48 000 30 112 37.3 30 432 36.6 
G.728 16 000  5 ms  80 000 49 312 38.4 49 632 38.0 
G.728 16 000  10 ms  48 000 30 112 37.3 30 432 36.6 
G.728 16 000  20 ms  32 000 20 512 35.9 20 832 34.9 

E.g. Assuming an RTP/UDP/IP header of 40 bytes, 60% speech activity, and a DTX update rate of 
10 Hz, the average IP Bit Rate with G.711 and an 11-byte CN payload is given by: ((64 000 bit/s) + 
(40 bytes × 8 bit/byte × (1.0/0.005 s))) × (0.6) + ((40+11) bytes × 8 bit/byte × 10/s) × (0.4) = 
78 432 bit/s. 

II.4 Performance results 
A subjective evaluation of an example CNG implementation employing the CN payload was 
performed. The method of assessment used the Absolute Category Rating (ACR) method as defined 
in ITU-T Recommendation P.800. The speech material used in the experiment consisted of simple, 
meaningful, short sentences in North-American English. The source material was Modified IRS 
filtered (ITU-T Recommendation P.830 Annex D) and arranged in pairs. Each sentence-pair lasted 
approximately 7 to 8 seconds, with a time interval between sentences of approximately 1 second. 
The evaluation contained both clean and noisy input conditions, including babble, street, office and 
car noise. 
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The speech codec used in the experiment was G.711, processed according to the procedure in 
Figure II.4. In this experiment, the implementation consisted only of the CNG algorithm. The G.729 
Annex B VAD and DTX algorithms were used [5]. Trace files containing the VAD and DTX 
decisions were obtained according to the procedure in Figure II.5 with the "SYNC" flag enabled in 
order to align the output with the input file.  

The G.711 with comfort noise was obtained using the procedure in Figure II.6. The Source File was 
down-sampled and level adjusted by a gain G and then encoded by the combination of G.711 and the 
CNG. The input data was buffered into 10 ms frames. The frame encoding of the CNG algorithm 
was aligned to the beginning of the speech file in order to "synchronise" with the framing 
corresponding to the VAD and DTX trace files. On a 10 ms frame basis, the VAD and DTX trace 
files were used to control the operation of the CNG algorithm. For active speech frames, G.711 was 
used to process the input data frame. For inactive frames, the CNG algorithm was employed. The 
DTX flag controlled the update of the CNG parameters. At the decoder, the VAD flag was used to 
indicate if the current frame is active speech or inactive. A complementary gain 1/G (to produce a 
constant listening level) was then applied and the result was up-sampled and stored as a "processed 
file".  

The results of this noisy ACR experiment showed that, for all cases of interest, G.711 with the test 
CNG algorithm performs equivalently to G.711 without VAD/CNG. This includes the clean 
background case as well as the noisy background cases (babble, car, office and street noise). 
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Figure II.4/G.711 – Processing G.711 without CNG 
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Figure II.5/G.711 – G.729B processing to obtain VAD/DTX trace files 
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Figure II.6/G.711 – Processing G.711 with CNG 
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II.5 Example solution 
This subclause describes a comfort noise generation scheme using the comfort noise payload format 
described in this appendix, which was used in the assessment described in II.4. 

II.5.1 Algorithm description 

II.5.1.1 Encoder 
The encoder must be called every frame by the calling program. For active voice frames, the input 
signal is pre-processed and the internal buffers are updated before returning. For inactive frames, the 
estimates of the background noise energy and spectral content are updated. In the case of an SID 
frame, the estimated parameters are quantized and packed into the channel buffer for transmission to 
the decoder. The SID update rate was determined by the DTX from G.729 Annex B [5]. The details 
of the CNG encoder are contained in the following subclauses. 

II.5.1.1.1 Pre-processing 
The input signal is pre-processed by a 1st order high-pass IIR filter to remove any undesired low-
frequency component. The high-pass filter is given by: 

  1
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II.5.1.1.2 Autocorrelation analysis 

The normalised autocorrelation coefficients rm and frame energy E are computed based on the pre-
processed signal windowed with a 25 ms asymmetric window. For 8.0 kHz sampling rate, the 
window is given by: 
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Running averages of both the normalised autocorrelation coefficients and the frame energy are then 
computed for the ith frame according to the following: 
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where LE is the base-2 logarithm of the frame energy, and M is the model order. β1 and β2 are frame 
size dependant constants. If the frame size is less than or equal to 7.5 ms, β1 and β2 are set to 0.8, 
otherwise they are set to 0.6. The averages are reset to the current frame values if the previous frame 
was active speech. 

II.5.1.1.3 Reflection coefficient computation 
The mean square error between the instantaneous and averaged normalised autocorrelation 
coefficients is computed according to the equation: 
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If d is less than an adaptive threshold Th and the last frame was inactive, the averaged coefficients 
( )irm are used for reflection coefficient computation; else the instantaneous coefficients ( )irm are 

used. The threshold Th is determined every frame according to the following algorithm: 
 

if (PrevVad == 1)
Th = 0.0

else
Th += 0.2857*(FRAME_SIZE/SAMPLING_RATE)
if (Th > 0.06)

Th = 0.06
end

end 

The reflection coefficients ( )ikm  are computed from the selected autocorrelation coefficients using 
the Levinson-Durbin algorithm. 

II.5.1.1.4 Quantization 

For Silence Insertion Descriptor (SID) frames, the energy ( )iLE  and the reflection coefficients 
( )ikm  are quantized and packed according to the specified payload format. 

II.5.1.2 Decoder 
The decoder produces comfort noise by passing a scaled white noise excitation through a linear 
prediction synthesis filter. The details follow in the following subclauses. 

II.5.1.2.1 Parameter update 
The reflection coefficients from the last received SID frame are used in the current frame. Let the 
last received comfort noise parameters be denoted LESID where the energy has been converted from 
dBov to base-2 logarithm. The energy used in the current frame is given by: 

  ( ) ( ) ( )α−⋅+α⋅−= 0.11 SIDLEiLEiLE  

where α = 0.9. This smoothing procedure is done to avoid any abrupt changes in signal energy in the 
comfort noise. 

II.5.1.2.2 Excitation generation 
A random number generator with a Gaussian distribution is used to produce the sequence Rn that is 
scaled by the factor η to the correct energy according to the equation: 
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where L is the length of the excitation, and ( )iE  is the frame energy. 

A constant approximation for the denominator of the above equation is used to avoid the dot product 
operation and reduce complexity. 
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II.5.1.2.3 LP synthesis 
The reflection coefficients are converted to linear prediction coefficients for use in the linear 
prediction (LP) synthesis filter according to the following recursion [6]: 
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being solved for Mi , ...,2,1= and with the final set defined as: 
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The linear prediction synthesis filter is defined as: 
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The scaled excitation is passed through the filter to produce the final comfort noise. The length of 
the excitation L is, in general, equal to the frame length. However, for the first inactive frame 
following an active frame, L is equal to the frame length plus the model order (M). In this case, the 
first M output samples from the synthesis filter are ignored. 

II.5.1.3 Delay 
There is no delay inherent in the comfort noise algorithm. 

II.5.1.4 Complexity 
The algorithm has been implemented in 16-bit fixed-point using the ITU-T software Tool Library. 
The memory and resource usage at different frame sizes operating at 8.0 kHz sampling rate and a 
10th order all-pole model is summarized in Table II.2. The WMOPS are obtained using the 
operations counter within the library and represent the worst case. The ROM is the estimated size on 
a typical fixed-point DSP. 

Table II.2/G.711 – CNG Resource Requirements for a 10th order model 

Frame Size RAM (words) ROM (words) WMOPS 

5 ms 650 1300 1.1 
10 ms 690 1300 0.66 
20 ms 760 1300 0.47 
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II.5.2 Tested configuration 
The algorithm as tested is specified in Table II.3. 

Table II.3/G.711 – CNG Tested Configuration 

Parameter As Tested 

Sampling Rate 8.0 kHz 
Frame Size 10 ms 
Model Order 10 
Look-Ahead Delay 5 ms 

A look-ahead of 5 ms was added during testing by delaying the input to the accompanying speech 
codec (G.711) as in Figure II.7. The look-ahead was introduced to properly tailor the usage of the 
VAD of G.729 Annex B to the CNG example solution. The look-ahead delay can be avoided in 
practice by adding an extra hangover frame to the G.729 Annex B VAD. 

T1609360-00

CNG Input Frame

 Input PCM Stream

Audio Coder Input CNG
Lookahead

 

Figure II.7/G.711 – CNG Look-ahead during Testing 
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