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Background

RT Audio stands for Real-time Audio. It is an advanced speech codec designed for real-time two-way Voice over IP (VoIP) applications.  Some of the target applications include games, audio conferencing, and wireless applications over IP. RTAudio is the preferred Microsoft® Real-Time audio codec and is the default codec for Microsoft’s Unified Communications platforms. 

The encoder is capable of encoding single-channel (mono), 16 bit per sample audio signals. The encoder can be configured to operate either in the Narrow Band mode (8 kHz sampling rate) or the Wide Band mode (16 kHz sampling rate). The decoder has a built-in Jitter-Control module as well as an error concealment module. 

RT Audio Encoder

The RT Audio Codec is a sub-band coder. The number of sub-bands that it uses is dependent on the sampling frequency used. For a sampling frequency of 8 KHz it uses a single band. For sampling frequencies greater than 8 KHz it uses multiple bands, divided unequally or equally within the full signal bandwidth. Most information for voice data is contained in the lower bands. Therefore more bits are allocated for the lower band, with bit allocation progressively decreasing for the higher bands. Figure 1 is a high level representation of the RT Audio encoder structure. 
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Figure 1: High-level Overview of the RT Audio Encoder

The input signal is split into sub-band signals using subband filters if the number of bands is more than one.  A rate control module determines the encoding modes for each sub-band based on several factors including the signal characteristics of each sub-band, the bit stream buffer history and the target bit rate. Generally fewer bits are needed for “simple” frames, such as unvoiced and silent frames, and more bits are needed for “complex” frames, such as transition frames.

The encoder structure for each sub-band consists of one or more code-book blocks, Linear Prediction Coefficients (LPC) analysis block and a synthesis filter. There are several pre-defined mode sets (which is defined by a combination of different code books) for each sampling rate that correspond to different coding bit rates.  The rate control module determines the mode set for each frame.

The encoder also includes an unit that can optionally be used to embed error recovery data as well as redundant information in the RTAudio bitstream. This additional information is inserted in the bitstream when the codec operates with FEC (Forward Error Correction) mode enabled.

RT Audio Decoder

The RT Audio decoder operates in a pull-mode as illustrated in Figure 2 below.  At the front-end of the decoder, a jitter-control module allows active management of the packet jitter and packet loss that typically occur in IP networks. 
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Figure 2: RT Audio Decoder

The decoder also include the capability to do error concealment. Error concealment along with jitter control improves the overall audio quality experienced by the end user under packet loss conditions.

The FEC data which can be optionally embedded in an RTAudio bitstream supplements the error concealment module with additional recovery data. Traditional error concealment techniques are useful to mitigate degradation in voice quality due to packet loss but prove to be less useful when there is more than 20% packet loss. Augmenting error concealment with redundant coding schemes like Forward Error Correction (FEC) helps in better packet loss recovery. The details into the FEC coding methods are beyond the scope of the document

Detailed Feature Description

Core capabilities

The RT Audio encoder is capable of encoding single-channel (mono), 16 bits per sample audio signals. The encoder can be configured to run in constant bit rate mode or variable bit rate mode. There are several different settings for RT Audio codec. This information is captured in the table below. More modes may be added in the future.  Please note that the total payload bit rate for RTAudio includes the per frame optional data included by RTAudio for loss handling.  The actual bit rate includes the 40 byte over head to approximate the IP, UDP, RTP header overhead.

	Sampling Rate
	Bit Rate (bps)
	Average packet size in Bytes
	Look Ahead delay (ms)
	Frame Length (ms)

	8000
	8800
	22
	10
	20

	16000
	18000
	45
	10
	20


Table 1: RT Audio Codec Capability
	Audio Codec
	Frame Size [ms]
	Codec payload bit rate

[bits / sec]
	Total payload bit rate

[bits / sec]
	Actual bit rate

[bits / sec]

	
	
	
	
	Without

redundancy
	With

redundancy

	RTAudio@16KHz
	20
	24000
	29000
	45000
	74000

	RTAudio@16KHz
	40
	24000
	26500
	34500
	61000

	RTAudio@16KHz
	60
	24000
	25666
	31000
	56667

	RTAudio@16KHz
	20
	18000
	21000
	37000
	58000

	RTAudio@16KHz
	40
	18000
	19500
	27500
	47000

	RTAudio@16KHz
	60
	18000
	19000
	24333
	43333

	RTAudio@8KHz
	20
	8800
	11800
	27800
	39600

	RTAudio@8KHz
	40
	8800
	10300
	18300
	28600

	RTAudio@8KHz
	60
	8800
	9800
	15133
	24933


Table 2: RT Audio Codec Bit Rates and Payloads

Rate Control

The rate control in RTAudio is a VBR (Variable Bit Rate) rate control. Consequently, some speech frames can have higher bit rate than others (i.e., all frames should have the same duration but can have different sizes). A Variable-Rate mode gives better voice quality even if the average rate may be slightly lower than a Constant Bit Rate delivery mode. 

The table below shows some of the most meaningful operation modes for the RT Audio codec.

	Mode
	Comment

	Variable-Rate Mode
	RT Audio decoding, includes both jitter control and error concealment

	Variable-Rate Mode plus FEC
	As above, plus the decoder will be able to withstand higher loss rates.


Table 3: Codec Operating Modes

Latency

Latency is a very important factor in two-way communications. The codec latency should be small enough to allow real-time two-way packet-based communication. 

The codec latency is the sum of four components: the frame size, look-ahead, computational delay at the encoder, and reconstruction delay at the decoder. The latency characteristics of the RT Audio codec are as follows:

· At 16 KHz, the total one-way codec delay is less than 40 ms 

· At 8 KHz, the total one-way codec delay is less than 40 ms  

Forward Error Correction encoding

The RT Audio encoder has means to provide additional protection against data loss during transmission using Forward Error Correction (FEC) scheme. This is over and above the built-in error concealment scheme in the audio codec core. The FEC feature is optional, and is provided to help the VoIP application achieve improved quality when the network conditions are not very good. The use of FEC means the data rate of the VoIP packet stream will increase. The application must decide if the increase in rate is worthwhile. In general, FEC can be most beneficial for high loss rates starting at 10%. Loss rates of 20% and above means that the concealment algorithm alone may be insufficient to obtain reasonable quality, and FEC may be necessary. 

The Forward Error Correction technique supported in the RT Audio codec scheme incorporates coding redundancy and yet yields good error resiliency for a minimum increase in the bit rate. 

The application should decide on the packetization scheme beforehand. For example, FEC can be sent piggy-backed on the primary encoding of a different frame, and sent on one packet. For the FEC data to be useful, it must be sent on a different packet from its primary encoding so that they don’t get lost simultaneously.

The sender application will enclose the primary and FEC data in a packet containing a header. For example, an IP packet header may be used which will contain information about timestamps, sequence numbers, and payload types. Sometimes, the overhead of including this header is significant, and the application may choose to send more than one frame of data on each packet.

 2006 Microsoft Corporation.  All rights reserved.
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